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(57) ABSTRACT

In general, techniques are described for grouping audio
objects into clusters. In some examples, a device for audio
signal processing comprises a cluster analysis module con-
figured to group, based on spatial information for each of N
audio objects, a plurality of audio objects that includes the
N audio objects into L clusters, where L is less than N,
wherein the cluster analysis module is configured to receive
information from at least one of a transmission channel, a
decoder, and a renderer, and wherein a maximum value for
L is based on the information received. The device also
comprises a downmix module configured to mix the plural-
ity of audio objects into L. audio streams, and a metadata
downmix module configured to produce, based on the spa-
tial information and the grouping, metadata that indicates
spatial information for each of the L audio streams.
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SCALABLE DOWNMIX DESIGN WITH
FEEDBACK FOR OBJECT-BASED
SURROUND CODEC

This application claims priority to U.S. Provisional Appli-
cation No. 61/673,869, filed Jul. 20, 2012; U.S. Provisional
Application No. 61/745,505, filed Dec. 21, 2012; and U.S.
Provisional Application No. 61/745,129, filed Dec. 21,
2012.

This application is related to U.S. patent application Ser.
No. 13/844,283, filed Mar. 15, 2013.

TECHNICAL FIELD

This disclosure relates to audio coding and, more specifi-
cally, to spatial audio coding.

BACKGROUND

The evolution of surround sound has made available
many output formats for entertainment nowadays. The range
of surround-sound formats in the market includes the popu-
lar 5.1 home theatre system format, which has been the most
successful in terms of making inroads into living rooms
beyond stereo. This format includes the following six chan-
nels: front left (L), front right (R), center or front center (C),
back left or surround left (Ls), back right or surround right
(Rs), and low frequency effects (LFE)). Other examples of
surround-sound formats include the growing 7.1 format and
the futuristic 22.2 format developed by NHK (Nippon Hoso
Kyokai or Japan Broadcasting Corporation) for use, for
example, with the Ultra High Definition Television standard.
It may be desirable for a surround sound format to encode
audio in two dimensions (2D) and/or in three dimensions
(3D). However, these 2D and/or 3D surround sound formats
require high-bit rates to properly encode the audio in 2D
and/or 3D.

SUMMARY

In general, techniques are described for grouping audio
objects into clusters to potentially reduce bit rate require-
ments when encoding audio in 2D and/or 3D.

As one example, a method of audio signal processing
includes, based on spatial information for each of N audio
objects, grouping a plurality of audio objects that includes
the N audio objects into L clusters, where L is less than N.
The method also includes mixing the plurality of audio
objects into L audio streams. The method also includes,
based on the spatial information and the grouping, produc-
ing metadata that indicates spatial information for each of
the L audio streams, wherein a maximum value for L is
based on information received from at least one of a trans-
mission channel, a decoder, and a renderer.

As another example, an apparatus for audio signal pro-
cessing comprises means for receiving information from at
least one of a transmission channel, a decoder, and a
renderer. The apparatus also comprises means for grouping,
based on spatial information for each of N audio objects, a
plurality of audio objects that includes the N audio objects
into L clusters, where L is less than N and wherein a
maximum value for L is based on the information received.
The apparatus also comprises means for mixing the plurality
of audio objects into L. audio streams, and means for
producing, based on the spatial information and the group-
ing, metadata that indicates spatial information for each of
the L audio streams.
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As another examples, a device for audio signal processing
comprises a cluster analysis module configured to group,
based on spatial information for each of N audio objects, a
plurality of audio objects that includes the N audio objects
into L clusters, where L is less than N, wherein the cluster
analysis module is configured to receive information from at
least one of a transmission channel, a decoder, and a
renderer, and wherein a maximum value for L is based on the
information received. The device also comprises a downmix
module configured to mix the plurality of audio objects into
L audio streams, and a metadata downmix module config-
ured to produce, based on the spatial information and the
grouping, metadata that indicates spatial information for
each of the L audio streams.

As another example, a non-transitory computer-readable
storage medium having stored thereon instructions that,
when executed, cause one or more processors to, based on
spatial information for each of N audio objects, group a
plurality of audio objects that includes the N audio objects
into L clusters, where L is less than N. The instructions also
cause the processors to mix the plurality of audio objects
into L audio streams and, based on the spatial information
and the grouping, produce metadata that indicates spatial
information for each of the L audio streams, wherein a
maximum value for L is based on information received from
at least one of a transmission channel, a decoder, and a
renderer.

The details of one or more aspects of the techniques are
set forth in the accompanying drawings and the description
below. Other features, objects, and advantages of these
techniques will be apparent from the description and draw-
ings, and from the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a general structure for audio coding stan-
dardization, using an MPEG codec (coder/decoder).

FIGS. 2A and 2B show conceptual overviews of Spatial
Audio Object Coding (SAOC).

FIG. 3 shows a conceptual overview of one object-based
coding approach.

FIG. 4A shows a flowchart for a method M100 of audio
signal processing according to a general configuration.

FIG. 4B shows a block diagram for an apparatus MF100
according to a general configuration.

FIG. 4C shows a block diagram for an apparatus A100
according to a general configuration.

FIG. 5 shows an example of k-means clustering with three
cluster centers.

FIG. 6 shows an example of different cluster sizes with
cluster centroid location.

FIG. 7A shows a flowchart for a method M200 of audio
signal processing according to a general configuration.

FIG. 7B shows a block diagram of an apparatus MF200
for audio signal processing according to a general configu-
ration.

FIG. 7C shows a block diagram of an apparatus A200 for
audio signal processing according to a general configuration.

FIG. 8 shows a conceptual overview of a coding scheme
as described herein with cluster analysis and downmix
design.

FIGS. 9 and 10 show transcoding for backward compat-
ibility: FIG. 9 shows a 5.1 transcoding matrix included in
metadata during encoding, and FIG. 10 shows a transcoding
matrix calculated at the decoder.

FIG. 11 shows a feedback design for cluster analysis
updating.
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FIG. 12 shows examples of surface mesh plots of the
magnitudes of spherical harmonic basis functions of order 0
and 1.

FIG. 13 shows examples of surface mesh plots of the
magnitudes of spherical harmonic basis functions of order 2.

FIG. 14A shows a flowchart for an implementation M300
of method M100.

FIG. 14B shows a block diagram of an apparatus MF300
according to a general configuration.

FIG. 14C shows a block diagram of an apparatus A300
according to a general configuration.

FIG. 15A shows a flowchart for a task T610.

FIG. 15B shows a flowchart of an implementation T615
of task T610.

FIG. 16A shows a flowchart of an implementation M400
of method M200.

FIG. 16B shows a block diagram of an apparatus MF400
according to a general configuration.

FIG. 16C shows a block diagram of an apparatus A400
according to a general configuration.

FIG. 17A shows a flowchart for a method M500 according
to a general configuration.

FIG. 17B shows a flowchart of an implementation X102
of task X100.

FIG. 17C shows a flowchart of an implementation M510
of method M500.

FIG. 18A shows a block diagram of an apparatus MF500
according to a general configuration.

FIG. 18B shows a block diagram of an apparatus A500
according to a general configuration.

FIGS. 19-21 show conceptual diagrams of systems simi-
lar to those shown in FIGS. 8, 10, and 11.

FIGS. 22-24 show conceptual diagrams of systems simi-
lar to those shown in FIGS. 8, 10, and 11.

FIGS. 25A and 25B show schematic diagrams of coding
systems that include a renderer local to the analyzer.

FIG. 26A shows a flowchart of a method MB100 of audio
signal processing according to a general configuration.

FIG. 26B shows a flowchart of an implementation MB110
of method MB100.

FIG. 27A shows a flowchart of an implementation MB120
of method MB100.

FIG. 27B shows a flowchart of an implementation
TB310A of task TB310.

FIG. 27C shows a flowchart of an implementation
TB320A of task TB320.

FIG. 28 shows a top view of an example of a reference
loudspeaker array configuration.

FIG. 29A shows a flowchart of an implementation
TB320B of task TB320.

FIG. 29B shows an example of an implementation
MB200 of method MB100.

FIG. 29C shows a flowchart of an implementation MB210
of method MB200.

FIGS. 30-32 show top views of an example of source-
position-dependent spatial sampling.

FIG. 33A shows a flowchart of a method MB300 of audio
signal processing according to a general configuration.

FIG. 33B shows a flowchart of an implementation MB310
of method MB300.

FIG. 33C shows a flowchart of an implementation MB320
of method MB300.

FIG. 33D shows a flowchart of an implementation
MB330 of method MB310.

FIG. 34A shows a block diagram of an apparatus MFB
100 according to a general configuration.
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FIG. 34B shows a block diagram of an implementation
MFB110 of apparatus MFB100.

FIG. 35A shows a block diagram of an apparatus AB100
for audio signal processing according to a general configu-
ration.

FIG. 35B shows a block diagram of an implementation
AB110 of apparatus AB100.

FIG. 36A shows a block diagram of an implementation
MFB120 of apparatus MFB100.

FIG. 36B shows a block diagram of an apparatus MFB200
for audio signal processing according to a general configu-
ration.

FIG. 37A shows a block diagram of an apparatus AB200
for audio signal processing according to a general configu-
ration.

FIG. 37B shows a block diagram of an implementation
AB210 of apparatus AB200.

FIG. 37C shows a block diagram of an implementation
MFB210 of apparatus MFB200.

FIG. 38 A shows a block diagram of an apparatus MFB300
for audio signal processing according to a general configu-
ration.

FIG. 38B shows a block diagram of an apparatus AB300
for audio signal processing according to a general configu-
ration.

FIG. 39 shows a conceptual overview of a coding scheme,
as described herein with cluster analysis and downmix
design, and including a renderer local to the analyzer for
cluster analysis by synthesis.

Like reference characters denote like elements throughout
the figures and text.

DETAILED DESCRIPTION

Unless expressly limited by its context, the term “signal”
is used herein to indicate any of its ordinary meanings,
including a state of a memory location (or set of memory
locations) as expressed on a wire, bus, or other transmission
medium. Unless expressly limited by its context, the term
“generating” is used herein to indicate any of its ordinary
meanings, such as computing or otherwise producing.
Unless expressly limited by its context, the term “calculat-
ing” is used herein to indicate any of its ordinary meanings,
such as computing, evaluating, estimating, and/or selecting
from a plurality of values. Unless expressly limited by its
context, the term “obtaining” is used to indicate any of its
ordinary meanings, such as calculating, deriving, receiving
(e.g., from an external device), and/or retrieving (e.g., from
an array of storage elements). Unless expressly limited by its
context, the term “selecting” is used to indicate any of its
ordinary meanings, such as identifying, indicating, applying,
and/or using at least one, and fewer than all, of a set of two
or more. Where the term “comprising” is used in the present
description and claims, it does not exclude other elements or
operations. The term “based on” (as in “A is based on B”)
is used to indicate any of its ordinary meanings, including
the cases (i) “derived from” (e.g., “B is a precursor of A”),
(ii) “based on at least” (e.g., “A is based on at least B”) and,
if appropriate in the particular context, (iii) “equal to” (e.g.,
“A is equal to B”). Similarly, the term “in response to” is
used to indicate any of its ordinary meanings, including “in
response to at least.”

References to a “location” of a microphone of a multi-
microphone audio sensing device indicate the location of the
center of an acoustically sensitive face of the microphone,
unless otherwise indicated by the context. The term “chan-
nel” is used at times to indicate a signal path and at other
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times to indicate a signal carried by such a path, according
to the particular context. Unless otherwise indicated, the
term “series” is used to indicate a sequence of two or more
items. The term “logarithm” is used to indicate the base-ten
logarithm, although extensions of such an operation to other
bases are within the scope of this disclosure. The term
“frequency component” is used to indicate one among a set
of frequencies or frequency bands of a signal, such as a
sample of a frequency domain representation of the signal
(e.g., as produced by a fast Fourier transform) or a subband
of the signal (e.g., a Bark scale or mel scale subband).

Unless indicated otherwise, any disclosure of an operation
of an apparatus having a particular feature is also expressly
intended to disclose a method having an analogous feature
(and vice versa), and any disclosure of an operation of an
apparatus according to a particular configuration is also
expressly intended to disclose a method according to an
analogous configuration (and vice versa). The term “con-
figuration” may be used in reference to a method, apparatus,
and/or system as indicated by its particular context. The
terms “method,” “process,” “procedure,” and “technique”
are used generically and interchangeably unless otherwise
indicated by the particular context. The terms “apparatus”
and “device” are also used generically and interchangeably
unless otherwise indicated by the particular context. The
terms “element” and “module” are typically used to indicate
a portion of a greater configuration. Unless expressly limited
by its context, the term “system” is used herein to indicate
any of its ordinary meanings, including “a group of elements
that interact to serve a common purpose.” Any incorporation
by reference of a portion of a document shall also be
understood to incorporate definitions of terms or variables
that are referenced within the portion, where such definitions
appear elsewhere in the document, as well as any figures
referenced in the incorporated portion.

The evolution of surround sound has made available
many output formats for entertainment nowadays. The range
of surround-sound formats in the market includes the popu-
lar 5.1 home theatre system format, which has been the most
successful in terms of making inroads into living rooms
beyond stereo. This format includes the following six chan-
nels: front left (FL), front right (FR), center or front center,
back left or surround left, back right or surround right, and
low frequency effects (LFE). Other examples of surround-
sound formats include the 7.1 format and the 22.2 format
developed by NHK (Nippon Hoso Kyokai or Japan Broad-
casting Corporation) for use, for example, with the Ultra
High Definition Television standard. The surround-sound
format may encode audio in two dimensions and/or in three
dimensions. For example, some surround sound formats
may use a format involving a spherical harmonic array.

The types of surround setup through which a soundtrack
is ultimately played may vary widely, depending on factors
that may include budget, preference, venue limitation, etc.
Even some of the standardized formats (5.1, 7.1, 10.2, 11.1,
22.2, etc.) allow setup variations in the standards. At the
audio creator’s side, a studio will typically produce the
soundtrack for a movie only once, and it is unlikely that
efforts will be made to remix the soundtrack for each speaker
setup. Accordingly, many audio creators may prefer to
encode the audio into bit streams and decode these streams
according to the particular output conditions. In some
examples, audio data may be encoded into a standardized bit
stream and a subsequently decoded in a manner that is
adaptable and agnostic to the speaker geometry and acoustic
conditions at the location of the renderer.
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FIG. 1 illustrates a general structure for such standard-
ization, using a Moving Picture Experts Group (MPEG)
codec, to potentially provide the goal of a uniform listening
experience regardless of the particular setup that is ulti-
mately used for reproduction. As shown in FIG. 1, MPEG
encoder MP10 encodes audio sources 4 to generate an
encoded version of the audio sources 4, where the encoded
version of the audio sources 4 are sent via transmission
channel 6 to MPEG decoder MD10. The MPEG decoder
MD10 decodes the encoded version of audio sources 4 to
recover, at least partially, the audio sources 4, which may be
rendered and output as output 10 in the example of FIG. 1.

In some examples, a ‘create-once, use-many’ philosophy
may be followed in which audio material is created once
(e.g., by a content creator) and encoded into formats which
can be subsequently decoded and rendered to different
outputs and speaker setups. A content creator, such as a
Hollywood studio, for example, would like to produce the
soundtrack for a movie once and not spend the efforts to
remix it for each speaker configuration.

One approach that may be used with such a philosophy is
object-based audio. An audio object encapsulates individual
pulse-code-modulation (PCM) audio streams, along with
their three-dimensional (3D) positional coordinates and
other spatial information (e.g., object coherence) encoded as
metadata. The PCM streams are typically encoded using,
e.g., a transform-based scheme (for example, MPEG
Layer-3 (MP3), AAC, MDCT-based coding). The metadata
may also be encoded for transmission. At the decoding and
rendering end, the metadata is combined with the PCM data
to recreate the 3D sound field. Another approach is channel-
based audio, which involves the loudspeaker feeds for each
of the loudspeakers, which are meant to be positioned in a
predetermined location (such as for 5.1 surround sound/
home theatre and the 22.2 format).

In some instances, an object-based approach may result in
excessive bit rate or bandwidth utilization when many such
audio objects are used to describe the sound field. The
techniques described in this disclosure may promote a smart
and more adaptable downmix scheme for object-based 3D
audio coding. Such a scheme may be used to make the codec
scalable while still preserving audio object independence
and render flexibility within the limits of, for example, bit
rate, computational complexity, and/or copyright con-
straints.

One of the main approaches of spatial audio coding is
object-based coding. In the content creation stage, individual
spatial audio objects (e.g., PCM data) and their correspond-
ing location information are encoded separately. Two
examples that use the object-based philosophy are provided
here for reference.

The first example is Spatial Audio Object Coding
(SAOC), in which all objects are downmixed to a mono or
stereo PCM stream for transmission. Such a scheme, which
is based on binaural cue coding (BCC), also includes a
metadata bitstream, which may include values of param-
eters, such as interaural level difference (ILD), interaural
time difference (ITD), and inter-channel coherence (ICC),
relating to the diffusivity or perceived size of the source and
may be encoded into as little as one-tenth of an audio
channel.

FIG. 2A shows a conceptual diagram of an SAOC imple-
mentation in which the object decoder OD10 and object
mixer OM10 are separate modules. FIG. 2B shows a con-
ceptual diagram of an SAOC implementation that includes
an integrated object decoder and mixer ODM10. As shown
in FIGS. 2A and 2B, the mixing and/or rendering operations
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to generate channels 14A-14M (collectively, “channels 14”)
may be performed based on rendering information 19 from
the local environment, such as the number of loudspeakers,
the positions and/or responses of the loudspeakers, the room
response, etc. Channels 14 may alternatively be referred to
as “speaker feeds 14” or “loudspeaker feeds 14.” In the
illustrated examples of FIGS. 2A and 2B, the object encoder
OFE10 downmixes all spatial audio objects 12A-12N (col-
lectively, “objects 12”) to the downmix signal(s) 16, which
may include a mono or stereo PCM stream. In addition, the
object encoder OE10 generates object metadata 18 for
transmission as a metadata bitstream in the manner
described above.

In operation, SAOC may be tightly coupled with MPEG
Surround (MPS, ISO/IEC 14496-3, also called High-Effi-
ciency Advanced Audio Coding or HeAAC), in which the
six channels of a 5.1 format signal are downmixed into a
mono or stereo PCM stream, with corresponding side-
information (such as ILD, ITD, ICC) that allows the syn-
thesis of the rest of the channels at the renderer. While such
a scheme may have a quite low bit rate during transmission,
the flexibility of spatial rendering is typically limited for
SAOC. Unless the intended render locations of the audio
objects are very close to the original locations, the audio
quality may be compromised. Also, when the number of
audio objects increases, doing individual processing on each
of them with the help of metadata may become difficult.

FIG. 3 shows a conceptual overview of the second
example, which refers to an object-based coding scheme in
which each of one or more sound source encoded PCM
stream(s) 22A-22N (collectively “PCM stream(s) 227) is
individually encoded by object encode OE20 and transmit-
ted, along with their respective per-object metadata 24A-
24N (e.g., spatial data and collectively referred to herein as
“per-object metadata 24”), via transmission channel 20. At
the renderer end, a combined object decoder and mixer/
renderer ODM20 uses the PCM objects 12 encoded in PCM
stream(s) 22 and the associated metadata received via trans-
mission channel 20 to calculate the channels 14 based on the
positions of the speakers, with the per-object metadata 24
providing rendering adjustments 26 to the mixing and/or
rendering operations. For example, the object decoder and
mixer/renderer ODM20 may use a panning method (e.g.,
vector base amplitude panning (VBAP)) to individually
spatialize the PCM streams back to a surround-sound mix.
At the renderer end, the mixer usually has the appearance of
a multi-track editor, with PCM tracks laying out and spatial
metadata as editable control signals. It will be understood
that the object decoder and mixer/renderer ODM20 shown
in FIG. 3 (and elsewhere in this document) may be imple-
mented as an integrated structure or as separate decoder and
mixer/renderer structures, and that the mixer/renderer itself
may be implemented as an integrated structure (e.g., per-
forming an integrated mixing/rendering operation) or as a
separate mixer and renderer performing independent respec-
tive operations.

Although an approach as shown in FIG. 3 allows signifi-
cant flexibility, it also has potential drawbacks. Obtaining
individual PCM audio objects 12 from the content creator
may be difficult, and the scheme may provide an insufficient
level of protection for copyrighted material, as the decoder
end (represented in FIG. 3 by object decoder and mixer/
renderer ODM20) can easily obtain the original audio
objects (which may include, for example, gunshots and other
sound effects). Also the soundtrack of a modern movie can
easily involve hundreds of overlapping sound events, such
that encoding each of PCM objects 12 individually may fail
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to fit all the data into limited-bandwidth transmission chan-
nels (e.g., transmission channel 20) even with a moderate
number of audio objects. Such a scheme does not address
this bandwidth challenge, and therefore this approach may
be prohibitive in terms of bandwidth usage.

For object-based audio, the above may result in excessive
bit-rate or bandwidth utilization when there are many audio
objects to describe the sound field. Similarly, the coding of
channel-based audio may also become an issue when there
is a bandwidth constraint.

Scene-based audio is typically encoded using an
Ambisonics format, such as B-Format. The channels of a
B-Format signal correspond to spherical harmonic basis
functions of the sound field, rather than to loudspeaker
feeds. A first-order B-Format signal has up to four channels
(an omnidirectional channel W and three directional chan-
nels X,Y,7); a second-order B-Format signal has up to nine
channels (the four first-order channels and five additional
channels R,S,T,U,V); and a third-order B-Format signal has
up to sixteen channels (the nine second-order channels and
seven additional channels K,[.,M,N,O,P,Q).

Accordingly, scalable channel reduction techniques are
described in this disclosure that use a cluster-based down-
mix, which may result in lower bit-rate encoding of audio
data and thereby reduce bandwidth utilization. FIG. 4A
shows a flowchart for a method M100 of audio signal
processing according to a general configuration that includes
tasks T100, T200, and T300. Based on spatial information
for each of N audio objects 12, task T100 groups a plurality
of audio objects that includes the N audio objects 12 into L
clusters 28, where L is less than N. Task T200 mixes the
plurality of audio objects into L. audio streams. Based on the
spatial information, task T300 produces metadata that indi-
cates spatial information for each of the L audio streams.

Each ofthe N audio objects 12 may be provided as a PCM
stream. Spatial information for each of the N audio objects
12 is also provided. Such spatial information may include a
location of each object in three-dimensional coordinates
(cartesian or spherical polar (e.g., distance-azimuth-eleva-
tion)). Such information may also include an indication of
the diffusivity of the object (e.g., how point-like or, alter-
natively, spread-out the source is perceived to be), such as a
spatial coherence function. The spatial information may be
obtained from a recorded scene using a multi-microphone
method of source direction estimation and scene decompo-
sition. In this case, such a method (e.g., as described herein
with reference to FIG. 14 et seq.) may be performed within
the same device (e.g., a smartphone, tablet computer, or
other portable audio sensing device) that performs method
M100.

In one example, the set of N audio objects 12 may include
PCM streams recorded by microphones at arbitrary relative
locations, together with information indicating the spatial
position of each microphone. In another example, the set of
N audio objects 12 may also include a set of channels
corresponding to a known format (e.g., a 5.1, 7.1, or 22.2
surround-sound format), such that location information for
each channel (e.g., the corresponding loudspeaker location)
is implicit. In this context, channel-based signals (or loud-
speaker feeds) are PCM feeds in which the locations of the
objects are the pre-determined positions of the loudspeakers.
Thus channel-based audio can be treated as just a subset of
object-based audio in which the number of objects is fixed
to the number of channels.

Task T100 may be implemented to group the audio
objects 12 by performing a cluster analysis, at each time
segment, on the audio objects 12 present during each time
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segment. It is possible that task T100 may be implemented
to group more than the N audio objects 12 into the L. clusters
28. For example, the plurality of audio objects 12 may
include one or more objects 12 for which no metadata is
available (e.g., a non-directional or completely diffuse
sound) or for which the metadata is generated at or is
otherwise provided to the decoder. Additionally or alterna-
tively, the set of audio objects 12 to be encoded for trans-
mission or storage may include, in addition to the plurality
of'audio objects 12, one or more objects 12 that are to remain
separate from the clusters 28 in the output stream. In
recording a sports event, for example, various aspects of the
techniques described in this disclosure may, in some
examples, be performed to transmit a commentator’s dia-
logue separate from other sounds of the event, as an end user
may wish to control the volume of the dialogue relative to
the other sounds (e.g., to enhance, attenuate, or block such
dialogue).

Methods of cluster analysis may be used in applications
such as data mining. Algorithms for cluster analysis are not
specific and can take different approaches and forms. A
typical example of a clustering method is k-means cluster-
ing, which is a centroid-based clustering approach. Based on
a specified number of clusters 28, k, individual objects will
be assigned to the nearest centroid and grouped together.

FIG. 4B shows a block diagram for an apparatus MF100
according to a general configuration. Apparatus MF100
includes means F100 for grouping, based on spatial infor-
mation for each of N audio objects 12, a plurality of audio
objects 12 that includes the N audio objects 12 into L
clusters, where L is less than N (e.g., as described herein
with reference to task T100). Apparatus MF100 also
includes means F200 for mixing the plurality of audio
objects 12 into L audio streams 22 (e.g., as described herein
with reference to task T200). Apparatus MF100 also
includes means F300 for producing metadata, based on the
spatial information and the grouping indicated by means
F100, that indicates spatial information for each of the L
audio streams 22 (e.g., as described herein with reference to
task T300).

FIG. 4C shows a block diagram for an apparatus A100
according to a general configuration. Apparatus A100
includes a clusterer 100 configured to group, based on
spatial information for each of N audio objects 12, a
plurality of audio objects that includes the N audio objects
12 into L clusters 28, where L is less than N (e.g., as
described herein with reference to task T100). Apparatus
A100 also includes a downmixer 200 configured to mix the
plurality of audio objects into L audio streams 22 (e.g., as
described herein with reference to task T200). Apparatus
A100 also includes a metadata downmixer 300 configured to
produce metadata, based on the spatial information and the
grouping indicated by clusterer 100, that indicates spatial
information for each of the L. audio streams 22 (e.g., as
described herein with reference to task T300).

FIG. 5 shows an example visualization of a two-dimen-
sional k-means clustering, although it will be understood
that clustering in three dimensions is also contemplated and
hereby disclosed. In the particular example of FIG. 5, the
value of k is three such that objects 12 are grouped into
clusters 28A-28C, although any other positive integer value
(e.g., larger than three) may also be used. Spatial audio
objects 12 may be classified according to their spatial
location (e.g., as indicated by metadata) and clusters 28 are
identified, then each centroid corresponds to a downmixed
PCM stream and a new vector indicating its spatial location.
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In addition or in the alternative to a centroid-based
clustering approach (e.g., k-means), task T100 may use one
or more other clustering approaches to cluster a large
number of audio sources. Examples of such other clustering
approaches include distribution-based clustering (e.g.,
Gaussian), density-based clustering (e.g., density-based spa-
tial clustering of applications with noise (DBSCAN), EnD-
BSCAN, Density-Link-Clustering, or OPTICS), and con-
nectivity based or hierarchical clustering (e.g., unweighted
pair group method with arithmetic mean, also known as
UPGMA or average linkage clustering).

Additional rules may be imposed on the cluster size
according to the object locations and/or the cluster centroid
locations. For example, the techniques may take advantage
of the directional dependence of the human auditory sys-
tem’s ability to localize sound sources. The capability of the
human auditory system to localize sound sources is typically
much better for arcs on the horizontal plane than for arcs that
are elevated from this plane. The spatial hearing resolution
of a listener is also typically finer in the frontal area as
compared to the rear side. In the horizontal plane that
includes the interaural axis, this resolution (also called
“localization blur”) is typically between 0.9 and four degrees
(e.g., +/-three degrees) in the front, +/-ten degrees at the
sides, and +/-six degrees in the rear, such that it may be
desirable to assign pairs of objects within these ranges to the
same cluster. Localization blur may be expected to increase
with elevation above or below this plane. For spatial loca-
tions in which the localization blur is large, more audio
objects may be grouped into a cluster to produce a smaller
total number of clusters, since the listener’s auditory system
will typically be unable to differentiate these objects well in
any case.

FIG. 6 shows one example of direction-dependent clus-
tering. In the example, a large cluster number is presented.
The frontal objects are finely separated with clusters 28A-
28D, while near the “cone of confusion™ at either side of the
listener’s head, lots of objects are grouped together and
rendered as left cluster 28E and right cluster 28F. In this
example, the sizes of the clusters 28G-28K behind the
listener’s head are also larger than those in front of the
listener. As illustrated, not all objects 12 are individually
labeled for clarity and ease of illustration purposes. How-
ever, each of objects 12 may represent a different individual
spatial audio object for spatial audio coding.

In some examples, the techniques described in this dis-
closure may specify values for one or more control param-
eters of the cluster analysis (e.g., number of clusters). For
example, a maximum number of clusters 28 may be speci-
fied according to the transmission channel 20 capacity
and/or intended bit rate. Additionally or alternatively, a
maximum number of clusters 28 may be based on the
number of objects 12 and/or perceptual aspects. Additionally
or alternatively, a minimum number of clusters 28 (or, e.g.,
a minimum value of the ratio N/L) may be specified to
ensure at least a minimum degree of mixing (e.g., for
protection of proprietary audio objects). Optionally a speci-
fied cluster centroid information can also be specified.

The techniques described in this disclosure may, in some
examples, include updating the cluster analysis over time,
and the samples passed from one analysis to the next. The
interval between such analyses may be called a downmix
frame. Various aspects of the techniques described in this
disclosure may, in some examples, be performed to overlap
such analysis frames (e.g., according to analysis or process-
ing requirements). From one analysis to the next, the number
and/or composition of the clusters may change, and objects
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12 may come and go between each cluster 28. When an
encoding requirement changes (e.g., a bit-rate change in a
variable-bit-rate coding scheme, a changing number of
source objects, etc.), the total number of clusters 28, the way
in which objects 28 are grouped into the clusters 12, and/or
the locations of each of one or more clusters 28 may also
change over time.

In some examples, the techniques described in this dis-
closure may include performing the cluster analysis to
prioritize objects 12 according to diffusivity (e.g., apparent
spatial width). For example, the sound field produced by a
concentrated point source, such as a bumblebee, typically
requires more bits to model sufficiently than a spatially wide
source, such as a waterfall, that typically does not require
precise positioning. In one such example, task T100 clusters
only objects 12 having a high measure of spatial concen-
tration (or a low measure of diffusivity), which may be
determined by applying a threshold value. In this example,
the remaining diffuse sources may be encoded together or
individually at a lower bit rate than the clusters 28. For
example, a small reservoir of bits may be reserved in the
allotted bitstream to carry the encoded diffuse sources.

For each audio object 12, the downmix gain contribution
to its neighboring cluster centroid is also likely to change
over time. For example, in FIG. 6, the objects 12 in each of
the two lateral clusters 28E and 28F can also contribute to
the frontal clusters 28 A-28D, although with very low gains.
Over time, the techniques described in this disclosure may
include checking neighboring frames for changes in each
object’s location and cluster distribution. Within one frame
during the downmix of PCM streams, smooth gain changes
for each audio object 12 may be applied, to avoid audio
artifacts that may be caused by a sudden gain change from
one frame to the next. Any one or more of various known
gain smoothing methods may be applied, such as a linear
gain change (e.g., linear gain interpolation between frames)
and/or a smooth gain change according to the spatial move-
ment of an object from one frame to the next.

Returning to FIG. 4A, the task T200 downmixes the
original N audio objects 12 to L clusters 28. For example, the
task T200 may be implemented to perform a downmix,
according to the cluster analysis results, to reduce the PCM
streams from the plurality of audio objects down to L. mixed
PCM streams (e.g., one mixed PCM stream per cluster). This
PCM downmix may be conveniently performed by a down-
mix matrix. The matrix coefficients and dimensions are
determined by, e.g., the analysis in task T100, and additional
arrangements of method M100 may be implemented using
the same matrix with different coefficients. The content
creator can also specify a minimal downmix level (e.g., a
minimum required level of mixing), so that the original
sound sources can be obscured to provide protection from
renderer-side infringement or other abuse of use. Without
loss of generality, the downmix operation can be expressed
as

Cinety=A4 @Sy

where S is the original audio vector, C is the resulting cluster
audio vector, and A is the downmix matrix.

Task T300 downmixes metadata for the N audio objects
12 into metadata for the L. audio clusters 28 according to the
grouping indicated by task T100. Such metadata may
include, for each cluster, an indication of the angle and
distance of the cluster centroid in three-dimensional coor-
dinates (e.g., cartesian or spherical polar (e.g., distance-
azimuth-elevation)). The location of a cluster centroid may
be calculated as an average of the locations of the corre-
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sponding objects (e.g., a weighted average, such that the
location of each object is weighted by its gain relative to the
other objects in the cluster). Such metadata may also
include, for each of one or more (possibly all) of the clusters
28, an indication of the diffusivity of the cluster.

An instance of method M100 may be performed for each
time frame. With proper spatial and temporal smoothing
(e.g., amplitude fade-ins and fade-outs), the changes in
different clustering distribution and numbers from one frame
to another can be inaudible.

The L. PCM streams may be outputted in a file format. In
one example, each stream is produced as a WAV file
compatible with the WAVE file format. The techniques
described in this disclosure may, in some examples, use a
codec to encode the L PCM streams before transmission
over a transmission channel (or before storage to a storage
medium, such as a magnetic or optical disk) and to decode
the . PCM streams upon reception (or retrieval from stor-
age). Examples of audio codecs, one or more of which may
be used in such an implementation, include MPEG Layer-3
(MP3), Advanced Audio Codec (AAC), codecs based on a
transform (e.g., a modified discrete cosine transform or
MDCT), waveform codecs (e.g., sinusoidal codecs), and
parametric codecs (e.g., code-excited linear prediction or
CELP). The term “encode” may be used herein to refer to
method M100 or to a transmission-side of such a codec; the
particular intended meaning will be understood from the
context. For a case in which the number of streams [. may
vary over time, and depending on the structure of the
particular codec, it may be more efficient for a codec to
provide a fixed number L, of streams, where L, . is a
maximum limit of [, and to maintain any temporarily
unused streams as idle, than to establish and delete streams
as the value of L changes over time.

Typically the metadata produced by task T300 will also be
encoded (e.g., compressed) for transmission or storage (us-
ing, e.g., any suitable entropy coding or quantization tech-
nique). As compared to a complex algorithm such as SAOC,
which includes frequency analysis and feature extraction
procedures, a downmix implementation of method M100
may be expected to be less computationally intensive.

FIG. 7A shows a flowchart of a method M200 of audio
signal processing according to a general configuration that
includes tasks T400 and T500. Based on L audio streams and
spatial information for each of the L streams, task T400
produces a plurality P of driving signals. Task T500 drives
each of a plurality P of loudspeakers with a corresponding
one of the plurality P of driving signals.

At the decoder side, spatial rendering is performed per
cluster instead of per object. A wide range of designs are
available for the rendering. For example, flexible spatializa-
tion techniques (e.g., VBAP or panning) and speaker setup
formats can be used. Task T400 may be implemented to
perform a panning or other sound field rendering technique
(e.g., VBAP). The resulting spatial sensation may resemble
the original at high cluster counts; with low cluster counts,
data is reduced, but a certain flexibility on object location
rendering may still be available. Since the clusters still
preserve the original location of audio objects, the spatial
sensation may be very close to the original sound field as
soon as enough cluster numbers are allowed.

FIG. 7B shows a block diagram of an apparatus MF200
for audio signal processing according to a general configu-
ration. Apparatus MF200 includes means F400 for produc-
ing a plurality P of driving signals based on L audio streams
and spatial information for each of the L streams (e.g., as
described herein with reference to task T400). Apparatus



US 9,479,886 B2

13
MF200 also includes means F500 for driving each of a
plurality P of loudspeakers with a corresponding one of the
plurality P of driving signals (e.g., as described herein with
reference to task T500).

FIG. 7C shows a block diagram of an apparatus A200 for
audio signal processing according to a general configuration.
Apparatus A200 includes a renderer 400 configured to
produce a plurality P of driving signals based on L audio
streams and spatial information for each of the L streams
(e.g., as described herein with reference to task T400).
Apparatus A200 also includes an audio output stage 500
configured to drive each of a plurality P of loudspeakers with
a corresponding one of the plurality P of driving signals
(e.g., as described herein with reference to task T500).

FIG. 8 shows a conceptual diagram of a system that
includes a cluster analysis and downmix module CA10 that
may be implemented to perform method M100, an object
decoder and mixer/renderer module OM20, and a rendering
adjustments module RA10 that may be implemented to
perform method M200. The mixing and/or rendering opera-
tions to generate channels 14A-14M (collectively, “channels
14”’) may be performed based on rendering information 38
from the local environment, such as the number of loud-
speakers, the positions and/or responses of the loudspeakers,
the room response, etc. This example also includes a codec
as described herein that comprises an object encoder OE20
configured to encode the L mixed streams, illustrated as
PCM streams 36A-36L (collectively “streams 36”), and an
object decoder of object decoder and mixer/renderer module
OM20 configured to decode the L mixed streams 36.

Such an approach may be implemented to provide a very
flexible system to code spatial audio. At low bit rates, a small
number L of cluster objects 32 (illustrated as “Cluster Obj
32A-321.”) may compromise audio quality, but the result is
usually better than a straight downmix to only mono or
stereo. At higher bit rates, as the number of cluster objects
32 increases, spatial audio quality and render flexibility may
be expected to increase. Such an approach may also be
implemented to be scalable to constraints during operation,
such as bit rate constraints. Such an approach may also be
implemented to be scalable to constraints at implementation,
such as encoder/decoder/CPU complexity constraints. Such
an approach may also be implemented to be scalable to
copyright protection constraints. For example, a content
creator may require a certain minimum downmix level to
prevent availability of the original source materials.

It is also contemplated that methods M100 and M200 may
be implemented to process the N audio objects 12 on a
frequency subband basis. Examples of scales that may be
used to define the various subbands include, without limi-
tation, a critical band scale and an Equivalent Rectangular
Bandwidth (ERB) scale. In one example, a hybrid Quadra-
ture Mirror Filter (QMF) scheme is used.

To ensure backward compatibility, the techniques may, in
some examples, implement such a coding scheme to render
one or more legacy outputs as well (e.g., 5.1 surround
format). To fulfill this objective (using the 5.1 format as an
example), a transcoding matrix from the length-L cluster
vector to the length-6 5.1 cluster may be applied, so that the
final audio vector C5, can be obtained according to an
expression such as:

Cs.1= 4 rans 5.1(5><L)C,

where A, ... 5 is the transcoding matrix. The transcoding
matrix may be designed and enforced from the encoder side,
or it may be calculated and applied at the decoder side.
FIGS. 9 and 10 show examples of these two approaches.
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FIG. 9 shows an example in which the transcoding matrix
M15 is encoded in the metadata 40 (e.g., by an implemen-
tation of task T300) and further for transmission by trans-
mission channel 20 in the encoded metadata 42. In this case,
the transcoding matrix can be low-rate data in metadata, so
the desired downmix (or upmix) design to 5.1 can be
specified at the encoder end while not increasing much data.
FIG. 10 shows an example in which the transcoding matrix
M15 is calculated by the decoder (e.g., by an implementa-
tion of task T400).

Situations may arise in which the techniques described in
this disclosure may be performed to update the cluster
analysis parameters. As time passes, various aspects of the
techniques described in this disclosure may, in some
examples, be performed so as to enable the encoder to obtain
knowledge from different nodes of the system. FIG. 11
illustrates one example of a feedback design concept, where
output audio 48 may in some cases include instances of
channels 14.

As shown in FIG. 10, during a communication type of
real-time coding (e.g., a 3D audio conference with multiple
talkers as the audio source objects), Feedback 46B can
monitor and report the current channel condition in the
transmission channel 20. When the channel capacity
decreases, aspects of the techniques described in this dis-
closure may, in some examples, be performed to reduce the
maximum number of designated cluster count, so that the
data rate is reduced in the encoded PCM channels.

In other cases, a decoder CPU of object decoder and
mixer/renderer OM28 may be busy running other tasks,
causing the decoding speed to slow down and become the
system bottleneck. The object decoder and mixer/renderer
OM28 may transmit such information (e.g., an indication of
decoder CPU load) back to the encoder as Feedback 46A,
and the encoder may reduce the number of clusters in
response to Feedback 46A. The output channel configura-
tion or speaker setup can also change during decoding; such
a change may be indicated by Feedback 46B and the encoder
end comprising the cluster analysis and downmixer CA30
will update accordingly. In another example, Feedback 46 A
carries an indication of the user’s current head orientation,
and the encoder performs the clustering according to this
information (e.g., to apply a direction dependence with
respect to the new orientation). Other types of feedback that
may be carried back from the object decoder and mixer/
renderer OM28 include information about the local render-
ing environment, such as the number of loudspeakers, the
room response, reverberation, etc. An encoding system may
be implemented to respond to either or both types of
feedback (i.e., to Feedback 46A and/or to Feedback 46B),
and likewise object decoder and mixer/renderer OM28 may
be implemented to provide either or both of these types of
feedback.

The above are non-limiting examples of having a feed-
back mechanism built in the system. Additional implemen-
tations may include other design details and functions.

A system for audio coding may be configured to have a
variable bit rate. In such case, the particular bit rate to be
used by the encoder may be the audio bit rate that is
associated with a selected one of a set of operating points.
For example, a system for audio coding (e.g., MPEG-H
3D-Audio) may use a set of operating points that includes
one or more (possibly all) of the following bitrates: 1.5
Mb/s, 768 kb/s, 512 kb/s, 256 kb/s. Such a scheme may also
be extended to include operating points at lower bitrates,
such as 96 kb/s, 64 kb/s, and 48 kb/s. The operating point
may be indicated by the particular application (e.g., voice
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communication over a limited channel vs. music recording),
by user selection, by feedback from a decoder and/or ren-
derer, etc. It is also possible for the encoder to encode the
same content into multiple streams at once, where each
stream may be controlled by a different operating point.

As noted above, a maximum number of clusters may be
specified according to the transmission channel 20 capacity
and/or intended bit rate. For example, cluster analysis task
T100 may be configured to impose a maximum number of
clusters that is indicated by the current operating point. In
one such example, task T100 is configured to retrieve the
maximum number of clusters from a table that is indexed by
the operating point (alternatively, by the corresponding bit
rate). In another such example, task T100 is configured to
calculate the maximum number of clusters from an indica-
tion of the operating point (alternatively, from an indication
of the corresponding bit rate).

In one non-limiting example, the relationship between the
selected bit rate and the maximum number of clusters is
linear. In this example, if a bit rate A is half of a bit rate B,
then the maximum number of clusters associated with bit
rate A (or a corresponding operating point) is half of the
maximum number of clusters associated with bit rate B (or
a corresponding operating point). Other examples include
schemes in which the maximum number of clusters
decreases slightly more than linearly with bit rate (e.g., to
account for a proportionally larger percentage of overhead).

Alternatively or additionally, a maximum number of
clusters may be based on feedback received from the trans-
mission channel 20 and/or from a decoder and/or renderer.
In one example, feedback from the channel (e.g., Feedback
46B) is provided by a network entity that indicates a
transmission channel 20 capacity and/or detects congestion
(e.g., monitors packet loss). Such feedback may be imple-
mented, for example, via RTCP messaging (Real-Time
Transport Control Protocol, as defined in, e.g., the Internet
Engineering Task Force (IETF) specification RFC 3550,
Standard 64 (July 2003)), which may include transmitted
octet counts, transmitted packet counts, expected packet
counts, number and/or fraction of packets lost, jitter (e.g.,
variation in delay), and round-trip delay.

The operating point may be specified to the cluster
analysis and downmixer CA30 (e.g., by the transmission
channel 20 or by the object decoder and mixer/renderer
OM28) and used to indicate the maximum number of
clusters as described above. For example, feedback infor-
mation from the object decoder and mixer/renderer OM28
(e.g., Feedback 46A) may be provided by a client program
in a terminal computer that requests a particular operating
point or bit rate. Such a request may be a result of a
negotiation to determine transmission channel 20 capacity.
In another example, feedback information received from the
transmission channel 20 and/or from the object decoder and
mixer/renderer OM28 is used to select an operating point,
and the selected operating point is used to indicate the
maximum number of clusters as described above.

It may be common that the capacity of the transmission
channel 20 will limit the maximum number of clusters. Such
a constraint may be implemented such that the maximum
number of clusters depends directly on a measure of trans-
mission channel 20 capacity, or indirectly such that a bit rate
or operating point, selected according to an indication of
channel capacity, is used to obtain the maximum number of
clusters as described herein.

As noted above, the L clustered streams 32 may be
produced as WAV files or PCM streams with accompanying
metadata 30. Alternatively, various aspects of the techniques
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described in this disclosure may, in some examples, be
performed, for one or more (possibly all) of the L clustered
streams 32, to use a hierarchical set of elements to represent
the sound field described by a stream and its metadata. A
hierarchical set of elements is a set in which the elements are
ordered such that a basic set of lower-ordered elements
provides a full representation of the modeled sound field. As
the set is extended to include higher-order elements, the
representation becomes more detailed. One example of a
hierarchical set of elements is a set of spherical harmonic
coefficients or SHC.

In this approach, the clustered streams 32 are transformed
by projecting them onto a set of basis functions to obtain a
hierarchical set of basis function coefficients. In one such
example, each stream 32 is transformed by projecting it
(e.g., frame-by-frame) onto a set of spherical harmonic basis
functions to obtain a set of SHC. Other examples of hier-
archical sets include sets of wavelet transform coefficients
and other sets of coefficients of multi-resolution basis func-
tions.

The coefficients generated by such a transform have the
advantage of being hierarchical (i.e., having a defined order
relative to one another), making them amenable to scalable
coding. The number of coefficients that are transmitted
(and/or stored) may be varied, for example, in proportion to
the available bandwidth (and/or storage capacity). In such
case, when higher bandwidth (and/or storage capacity) is
available, more coefficients can be transmitted, allowing for
greater spatial resolution during rendering. Such transfor-
mation also allows the number of coefficients to be inde-
pendent of the number of objects that make up the sound
field, such that the bit-rate of the representation may be
independent of the number of audio objects that were used
to construct the sound field.

The following expression shows an example of how a
PCM object s,(t), along with its metadata (containing loca-
tion co-ordinates, etc.), may be transformed into a set of

SHC:
)H

where the wavenumber

. )
Jnlkr) 3 ARGV, 0 e,

m=—n

si(t, 1, O, 1) =

k=

5

(2]
c

¢ is the speed of sound (~343 m/s), {r,8,¢,} is a point of
reference (or observation point) within the sound field, j,,(*)
is the spherical Bessel function of order n, and Y,,”(8,,¢,) are
the spherical harmonic basis functions of order n and
suborder m (some descriptions of SHC label n as degree (i.e.
of the corresponding Legendre polynomial) and m as order).
It can be recognized that the term in square brackets is a
frequency-domain representation of the signal (i.e., S(w,r,,
0,,9,)) which can be approximated by various time-fre-
quency transformations, such as the discrete Fourier trans-
form (DFT), the discrete cosine transform (DCT), or a
wavelet transform. Other examples of hierarchical sets
include sets of wavelet transform coefficients and other sets
of coefficients of multiresolution basis functions.
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A sound field may be represented in terms of SHC using
an expression such as the following:

-2

This expression shows that the pressure p, at any point
{r,,0,,0;} of the sound field can be represented uniquely by
the SHC A, (k).

FIG. 12 shows examples of surface mesh plots of the
magnitudes of spherical harmonic basis functions of order 0
and 1. The magnitude of the function Y,° is spherical and
omnidirectional. The function Y, has positive and nega-
tive spherical lobes extending in the +y and —y directions,
respectively. The function Y,° has positive and negative
spherical lobes extending in the +z and -z directions,
respectively. The function Y, has positive and negative
spherical lobes extending in the +x and —x directions,
respectively.

FIG. 13 shows examples of surface mesh plots of the
magnitudes of spherical harmonic basis functions of order 2.
The functions Y,~* and Y,> have lobes extending in the x-y
plane. The function Y,™' has lobes extending in the y-z
plane, and the function Y,' has lobes extending in the x-z
plane. The function Y,° has positive lobes extending in the
+z and -z directions and a toroidal negative lobe extending
in the x-y plane.

The SHC A" (k) for the sound field corresponding to an
individual audio object or cluster may be expressed as

. )
Jnller) 3" ATGOY 0 [,

m=—n

pilt, rp, O, 1) = E

w=0

4, (k=g(0)(~Amik), D kr )1, (00s), 3

where i is V=T and h,,@(#) is the spherical Hankel function
(of the second kind) of order n. Knowing the source energy
g(w) as a function of frequency allows us to convert each
PCM object and its location {r.,0,¢,} into the SHC A, (k).
This source energy may be obtained, for example, using
time-frequency analysis techniques, such as by performing
a fast Fourier transform (e.g., a 256-, 512-, or 1024-point
FFT) on the PCM stream. Further, it can be shown (since the
above is a linear and orthogonal decomposition) that the
A,"(k) coeflicients for each object are additive. In this
manner, a multitude of PCM objects can be represented by
the A,"(k) coeflicients (e.g., as a sum of the coefficient
vectors for the individual objects). Essentially, these coef-
ficients contain information about the sound field (the pres-
sure as a function of 3D coordinates), and the above repre-
sents the transformation from individual objects to a
representation of the overall sound field, in the vicinity of
the observation point {r,,6,¢;}. The total number of SHC to
be used may depend on various factors, such as the available
bandwidth.

One of skill in the art will recognize that representations
of coeflicients A, (or, equivalently, of corresponding time-
domain coeflicients a,™) other than the representation shown
in expression (3) may be used, such as representations that
do not include the radial component. One of skill in the art
will recognize that several slightly different definitions of
spherical harmonic basis functions are known (e.g., real,
complex, normalized (e.g., N3D), semi-normalized (e.g.,
SN3D), Furse-Malham (FuMa or FMH), etc.), and conse-
quently that expression (2) (i.e., spherical harmonic decom-
position of a sound field) and expression (3) (i.e., spherical
harmonic decomposition of a sound field produced by a
point source) may appear in the literature in slightly different
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form. The present description is not limited to any particular
form of the spherical harmonic basis functions and indeed is
generally applicable to other hierarchical sets of elements as
well.

FIG. 14A shows a flowchart for an implementation M300
of method M100. Method M300 includes a task T600 that
encodes the L clustered audio objects 32 and corresponding
spatial information 30 into L sets of SHC 74A-74L. FIG.
12B shows a block diagram of an apparatus MF300 for
audio signal processing according to a general configuration.
Apparatus MF300 includes means F100, means F200, and
means F300 as described herein. Apparatus MF300 also
includes means F600 for encoding the L clustered audio
objects 32 and corresponding metadata 30 into L sets of SH
coeflicients 74A-74L (e.g., as described herein with refer-
ence to task T600) and to encode the metadata as encoded
metadata 34.

FIG. 14C shows a block diagram of an apparatus A300 for
audio signal processing according to a general configuration.
Apparatus A300 includes clusterer 100, downmixer 200, and
metadata downmixer 300 as described herein. Apparatus
MF300 also includes an SH encoder 600 configured to
encode the L clustered audio objects 32 and corresponding
metadata 30 into L sets of SH coefficients 74A-74L. (e.g., as
described herein with reference to task T600).

FIG. 15A shows a flowchart for a task T610 that includes
subtasks T620 and T630. Task T620 calculates an energy
g(w) of the object (represented by stream 72) at each of a
plurality of frequencies (e.g., by performing a fast Fourier
transform on the object’s PCM stream 72). Based on the
calculated energies and location data 70 for the stream 72,
task T630 calculates a set of SHC (e.g., a B-Format signal).
FIG. 15B shows a flowchart of an implementation T615 of
task T610 that includes task T640, which encodes the set of
SHC for transmission and/or storage. Task T600 may be
implemented to include a corresponding instance of task
T610 (or T615) for each of the L audio streams 32.

Task T600 may be implemented to encode each of the L
audio streams 32 at the same SHC order. This SHC order
may be set according to the current bit rate or operating
point. In one such example, selection of a maximum number
of clusters as described herein (e.g., according to a bit rate
or operating point) may include selection of one among a set
of pairs of values, such that one value of each pair indicates
a maximum number of clusters and the other value of each
pair indicates an associated SHC order for encoding each of
the L audio streams 36.

The number of coefficients used to encode an audio
stream 32 (e.g., the SHC order, or the number of the
highest-order coefficient) may be different from one stream
32 to another. For example, the sound field corresponding to
one stream 32 may be encoded at a lower resolution than the
sound field corresponding to another stream 32. Such varia-
tion may be guided by factors that may include, for example,
the importance of the object to the presentation (e.g., a
foreground voice vs. a background effect), location of the
object relative to the listener’s head (e.g., object to the side
of'the listener’s head are less localizable than objects in front
of the listener’s head and thus may be encoded at a lower
spatial resolution), location of the object relative to the
horizontal plane (the human auditory system has less local-
ization ability outside this plane than within it, so that
coeflicients encoding information outside the plane may be
less important than those encoding information within it),
etc. In one example, a highly detailed acoustic scene record-
ing (e.g., a scene recorded using a large number of individual
microphones, such as an orchestra recorded using a dedi-
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cated spot microphone for each instrument) is encoded at a
high order (e.g., 100th-order) to provide a high degree of
resolution and source localizability.

In another example, task T600 is implemented to obtain
the SHC order for encoding an audio stream 32 according to
the associated spatial information and/or other characteristic
of the sound. For example, such an implementation of task
T600 may be configured to calculate or select the SHC order
based on information such as, e.g., diffusivity of the com-
ponent objects and/or diffusivity of the cluster as indicated
by the downmixed metadata. In such cases, task T600 may
be implemented to select the individual SHC orders accord-
ing to an overall bit-rate or operating-point constraint, which
may be indicated by feedback from the channel, decoder,
and/or renderer as described herein.

FIG. 16A shows a flowchart of an implementation M400
of method M200 that includes an implementation T410 of
task T400. Based on L sets of SH coefficients, task T410
produces a plurality P of driving signals, and task T500
drives each of a plurality P of loudspeakers with a corre-
sponding one of the plurality P of driving signals.

FIG. 16B shows a block diagram of an apparatus MF400
for audio signal processing according to a general configu-
ration. Apparatus MF400 includes means F410 for produc-
ing a plurality P of driving signals based on L sets of SH
coeflicients (e.g., as described herein with reference to task
T410). Apparatus MF400 also includes an instance of means
F500 as described herein.

FIG. 16C shows a block diagram of an apparatus A400 for
audio signal processing according to a general configuration.
Apparatus A400 includes a renderer 410 configured to
produce a plurality P of driving signals based on L sets of SH
coeflicients (e.g., as described herein with reference to task
T410). Apparatus A400 also includes an instance of audio
output stage 500 as described herein.

FIGS. 19, 20, and 21 show conceptual diagrams of
systems as shown in FIGS. 8, 10, and 11 that include a
cluster analysis and downmix module CA10 (and imple-
mentation CA30 thereof) that may be implemented to per-
form method M300, and a mixer/renderer module SD10
(and implementations SD15 and SD20 thereof) that may be
implemented to perform method M400. This example also
includes a codec as described herein that comprises an
object encoder SE10 configured to encode the I SHC
objects 74A-74L and an object decoder configured to decode
the L. SHC objects 74A-74L.

As an alternative to encoding the [ audio streams 32 after
clustering, various aspects of the techniques described in
this disclosure may, in some examples, be performed to
transform each of the audio objects 12, before clustering,
into a set of SHC. In such case, a clustering method as
described herein may include performing the cluster analysis
on the sets of SHC (e.g., in the SHC domain rather than the
PCM domain).

FIG. 17A shows a flowchart for a method M500 according
to a general configuration that includes tasks X50 and X100.
Task X50 encodes each of the N audio objects 12 into a
corresponding set of SHC. For a case in which each object
12 is an audio stream with corresponding location data, task
X50 may be implemented according to the description of
task T600 herein (e.g., as multiple implementations of task
T610).

Task X50 may be implemented to encode each object 12
at a fixed SHC order (e.g., second-, third-, fourth-, or
fifth-order or more). Alternatively, task X50 may be imple-
mented to encode each object 12 at an SHC order that may
vary from one object 12 to another based on one or more
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characteristics of the sound (e.g., diffusivity of the object 12,
as may be indicated by the spatial information associated
with the object). Such a variable SHC order may also be
subject to an overall bit-rate or operating-point constraint,
which may be indicated by feedback from the channel,
decoder, and/or renderer as described herein.

Based on a plurality of at least N sets of SHC, task X100
produces L sets of SHC, where L is less than N. The plurality
of sets of SHC may include, in addition to the N sets, one or
more additional objects that are provided in SHC form. FIG.
17B shows a flowchart of an implementation X102 of task
X100 that includes subtasks X110 and X120. Task X110
groups a plurality of sets of SHC (which plurality includes
the N sets of SHC) into L clusters. For each cluster, task
X120 produces a corresponding set of SHC. Task X120 may
be implemented, for example, to produce each of the L
clustered objects by calculating a sum (e.g., a coeflicient
vector sum) of the SHC of the objects assigned to that cluster
to obtain a set of SHC for the cluster. In another implemen-
tation, task X120 may be configured to concatenate the
coeflicient sets of the component objects instead.

For a case in which the N audio objects are provided in
SHC form, of course, task X50 may be omitted and task
X100 may be performed on the SHC-encoded objects. For
an example in which the number N of objects is one hundred
and the number L of clusters is ten, such a task may be
applied to compress the objects into only ten sets of SHC for
transmission and/or storage, rather than one hundred.

Task X100 may be implemented to produce the set of
SHC for each cluster to have a fixed order (e.g., second-,
third-, fourth-, or fifth-order or more). Alternatively, task
X100 may be implemented to produce the set of SHC for
each cluster to have an order that may vary from one cluster
to another based on, e.g., the SHC orders of the component
objects (e.g., a maximum of the object SHC orders, or an
average of the object SHC orders, which may include
weighting of the individual orders by, e.g., magnitude and/or
diffusivity of the corresponding object).

The number of SH coeflicients used to encode each cluster
(e.g., the number of the highest-order coefficient) may be
different from one cluster to another. For example, the sound
field corresponding to one cluster may be encoded at a lower
resolution than the sound field corresponding to another
cluster. Such variation may be guided by factors that may
include, for example, the importance of the cluster to the
presentation (e.g., a foreground voice vs. a background
effect), location of the cluster relative to the listener’s head
(e.g., object to the side of the listener’s head are less
localizable than objects in front of the listener’s head and
thus may be encoded at a lower spatial resolution), location
of the cluster relative to the horizontal plane (the human
auditory system has less localization ability outside this
plane than within it, so that coefficients encoding informa-
tion outside the plane may be less important than those
encoding information within it), etc.

Encoding of the SHC sets produced by method M300
(e.g., task T600) or method M500 (e.g., task X100) may
include one or more lossy or lossless coding techniques,
such as quantization (e.g., into one or more codebook
indices), error correction coding, redundancy coding, etc.,
and/or packetization. Additionally or alternatively, such
encoding may include encoding into an Ambisonic format,
such as B-format, G-format, or Higher-order Ambisonics
(HOA). FIG. 17C shows a flowchart of an implementation
M510 of method M500 which includes a task X300 that
encodes the N sets of SHC (e.g., individually or as a single
block) for transmission and/or storage.
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FIGS. 22, 23, and 24 show conceptual diagrams of
systems as shown in FIGS. 8, 10, and 11 that include a
cluster analysis and downmix module SC10 (and implemen-
tation SC30 thereof) that may be implemented to perform
method M500, and a mixer/renderer of an object decoder
and mixer/renderer module SD20 (and implementations
SD38 and SD30 thereof) that may be implemented to
perform method M400. This example also includes a codec
as described herein that comprises an object encoder OE30

5

configured to encode the L. SHC cluster objects 82A-82L. and 10

an object decoder of the object decoder and mixer/renderer
module SD20 configured to decode the I. SHC cluster
objects 82A-821, as well as an SHC encoder SE1 optionally
includes to transform spatial audio objects 12 to the spheri-
cal harmonics domain as SHC objects 80A-80N.

Potential advantages of such a representation include one
or more of the following:

i. The coeflicients are hierarchical. Thus, it is possible to
send or store up to a certain truncated order (say n=N) to
satisfy bandwidth or storage requirements. If more band-
width becomes available, higher-order coefficients can be
sent and/or stored. Sending more coefficients (of higher
order) reduces the truncation error, allowing better-resolu-
tion rendering.

ii. The number of coeflicients is independent of the
number of objects—meaning that it may be possible to code
a truncated set of coefficients to meet the bandwidth require-
ment, no matter how many objects may be in the sound-
scene.

iii. The conversion of the PCM object to the SHC is
typically not reversible (at least not trivially). This feature
may allay fears from content providers or creators who are
concerned about allowing undistorted access to their copy-
righted audio snippets (special effects), etc.

iv. Effects of room reflections, ambient/diffuse sound,
radiation patterns, and other acoustic features can all be
incorporated into the A,"(k) coeflicient-based representa-
tion in various ways.

v. The A,"(k) coefficient-based sound field/surround-
sound representation is not tied to particular loudspeaker
geometries, and the rendering can be adapted to any loud-
speaker geometry. Various rendering technique options can
be found in the literature.

vi. The SHC representation and framework allows for
adaptive and non-adaptive equalization to account for acous-
tic spatio-temporal characteristics at the rendering scene.

Additional features and options may include the follow-
ing:

i. An approach as described herein may be used to provide
a transformation path for channel- and/or object-based audio
that may allow a unified encoding/decoding engine for all
three formats: channel-, scene-, and object-based audio.

ii. Such an approach may be implemented such that the
number of transformed coefficients is independent of the
number of objects or channels.

iii. The method can be used for either channel- or object-
based audio even when an unified approach is not adopted.

iv. The format is scalable in that the number of coefficients
can be adapted to the available bit-rate, allowing a very easy
way to trade-off quality with available bandwidth and/or
storage capacity.

v. The SHC representation can be manipulated by sending
more coefficients that represent the horizontal acoustic infor-
mation (for example, to account for the fact that human
hearing has more acuity in the horizontal plane than the
elevation/height plane).
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vi. The position of the listener’s head can be used as
feedback to both the renderer and the encoder (if such a
feedback path is available) to optimize the perception of the
listener (e.g., to account for the fact that humans have better
spatial acuity in the frontal plane).

vii. The SHC may be coded to account for human
perception (psychoacoustics), redundancy, etc.

viii. An approach as described herein may be imple-
mented as an end-to-end solution (possibly including final
equalization in the vicinity of the listener) using, e.g.,
spherical harmonics.

The spherical harmonic coefficients may be channel-
encoded for transmission and/or storage. For example, such
channel encoding may include bandwidth compression. It is
also possible to configure such channel encoding to exploit
the enhanced separability of the various sources that is
provided by the spherical-wavefront model. Various aspects
of the techniques described in this disclosure may, in some
examples, be performed for a bitstream or file that carries the
spherical harmonic coefficients to also include a flag or other
indicator whose state indicates whether the spherical har-
monic coefficients are of a planar-wavefront-model type or
a spherical-wavefront model type. In one example, a file
(e.g., a WAV format file) that carries the spherical harmonic
coeflicients as floating-point values (e.g., 32-bit floating-
point values) also includes a metadata portion (e.g., a
header) that includes such an indicator and may include
other indicators (e.g., a near-field compensation (NFC) flag)
and or text values as well.

At a rendering end, a complementary channel-decoding
operation may be performed to recover the spherical har-
monic coefficients. A rendering operation including task
T410 may then be performed to obtain the loudspeaker feeds
for the particular loudspeaker array configuration from the
SHC. Task T410 may be implemented to determine a matrix
that can convert between the set of SHC, e.g., one of
encoded PCM streams 84 for an SHC cluster object 82, and
a set of K audio signals corresponding to the loudspeaker
feeds for the particular array of K loudspeakers to be used
to synthesize the sound field.

One possible method to determine this matrix is an
operation known as ‘mode-matching’. Here, the loudspeaker
feeds are computed by assuming that each loudspeaker
produces a spherical wave. In such a scenario, the pressure
(as a function of frequency) at a certain position r, 6, ¢, due
to the 1-th loudspeaker, is given by

P07 00)=GH0)Z, (1) e (<At D hry)

Y (0,007, (0.0) @),
where {r,0,¢,} represents the position of the 1-th loud-
speaker and g(w) is the loudspeaker feed of the 1-th speaker
(in the frequency domain). The total pressure P, due to all L
speakers is thus given by

Piw,r, 0,9 = )
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We also know that the total pressure in terms of the SHC
is given by the equation
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Task T410 may be implemented to render the modeled
sound field by solving an expression such as the following
to obtain the loudspeaker feeds g,(m):

Ad(w) (7
Al(w)

Al | =

Aj(w)

A (@)

HPUr)YE 61, 01) KR Ur)YS 02y 02). e en .

BPGr)Y] (81, ¢1).
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For convenience, this example shows a maximum N of order
n equal to two. It is expressly noted that any other maximum
order may be used as desired for the particular implemen-
tation (e.g., three, four, five, or more).

As demonstrated by the conjugates in expression (7), the
spherical basis functions Y, are complex-valued functions.
However, it is also possible to implement tasks X50, T630,
and T410 to use a real-valued set of spherical basis functions
instead.

In one example, the SHC are calculated (e.g., by task X50
or T630) as time-domain coefficients, or transformed into
time-domain coefficients before transmission (e.g., by task
T640). In such case, task T410 may be implemented to
transform the time-domain coefficients into frequency-do-
main coefficients A, ”(w) before rendering.

Traditional methods of SHC-based coding (e.g., higher-
order Ambisonics or HOA) typically use a plane-wave
approximation to model the sound field to be encoded. Such
an approximation assumes that the sources which give rise
to the sound field are sufficiently distant from the observa-
tion location that each incoming signal may be modeled as
a planar wavefront arriving from the corresponding source
direction. In this case, the sound field is modeled as a
superposition of planar wavefronts.

Although such a plane-wave approximation may be less
complex than a model of the sound field as a superposition
of spherical wavefronts, it lacks information regarding the
distance of each source from the observation location, and it
may be expected that separability with respect to distance of
the various sources in the sound field as modeled and/or
synthesized will be poor. Accordingly, a coding approach
that models the sound field as a superposition of spherical
wavefronts may be instead.

FIG. 18A shows a block diagram of an apparatus MF500
for audio signal processing according to a general configu-
ration. Apparatus MF500 includes means FX50 for encoding
each of N audio objects into a corresponding set of SH
coeflicients (e.g., as described herein with reference to task
X50). Apparatus MF500 also includes means FX100 for
producing L sets of SHC cluster objects 82A-82L., based on
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the N sets of SHC objects 80A-80N (e.g., as described
herein with reference to task X100). FIG. 18B shows a block
diagram of an apparatus A500 for audio signal processing
according to a general configuration. Apparatus AS500
includes an SHC encoder AX50 configured to encode each
of N audio objects into a corresponding set of SH coeffi-
cients (e.g., as described herein with reference to task X50).
Apparatus A500 also includes an SHC-domain clusterer
AX100 configured to produce L sets of SHC cluster objects
82A-82., based on the N sets of SHC objects 80A-80N
(e.g., as described herein with reference to task X100). In
one example, clusterer AX100 includes a vector adder
configured to add the component SHC coefficient vectors for
a cluster to produce a single SHC coefficient vector for the
cluster.

It may be desirable to perform a local rendering of the
grouped objects, and to use information obtained via the
local rendering to adjust the grouping. FIG. 25A shows a
schematic diagram of such a coding system 90 that includes
a renderer 92 local to the analyzer 91 (e.g., local to an
implementation of apparatus A100 or MF100). Such an
arrangement, which may be called “cluster analysis by
synthesis” or simply “analysis by synthesis,” may be used
for optimization of the cluster analysis. As described herein,
such a system may also include a feedback channel that
provides information from the far-end renderer 96 about the
rendering environment, such as number of loudspeakers,
loudspeaker positions, and/or room response (e.g., rever-
beration), to the renderer 92 that is local to the analyzer 91.

Additionally or alternatively, in some cases a coding
system 90 uses information obtained via a local rendering to
adjust the bandwidth compression encoding (e.g., the chan-
nel encoding). FIG. 23B shows a schematic diagram of such
a coding system 90 that includes a renderer 97 local to the
analyzer 99 (e.g., local to an implementation of apparatus
A100 or MF100) in which the compression bandwidth
encoder 98 is part of the analyzer. Such an arrangement may
be used for optimization of the bandwidth encoding (e.g.,
with respect to effects of quantization).

FIG. 26A shows a flowchart of a method MB100 of audio
signal processing according to a general configuration that
includes tasks TB100, TB300, and TB400. Based on a
plurality of audio objects 12, task TB100 produces a first
grouping of the plurality of audio objects into L clusters 32.
Task TB100 may be implemented as an instance of task
T100 as described herein. Task TB300 calculates an error of
the first grouping relative to said plurality of audio objects
12. Based on the calculated error, task TB400 produces a
plurality I of audio streams 36 according to a second
grouping of the plurality of audio objects 12 into L clusters
32 that is different from the first grouping. FIG. 26B shows
a flowchart of an implementation MB110 of method MB100
which includes an instance of task T600 that encodes the L
audio streams 32 and corresponding spatial information into
L sets of SHC 74.

FIG. 27 A shows a flowchart of an implementation MB120
of method MB100 that includes an implementation TB300A
of task TB300. Task TB300A includes a subtask TB310 that
mixes the inputted plurality of audio objects 12 into a first
plurality L of audio objects 32. FIG. 27B shows a flowchart
of an implementation TB310A of task TB310 that includes
subtasks TB312 and TB314. Task TB312 mixes the inputted
plurality of audio objects 12 into L audio streams 36. Task
TB312 may be implemented, for example, as an instance of
task T200 as described herein. Task TB314 produces meta-
data 30 that indicates spatial information for the L. audio
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streams 36. Task TB314 may be implemented, for example,
as an instance of task T300 as described herein.

As noted above, a task or system according to techniques
herein may evaluate the cluster grouping locally. Task
TB300A includes a task TB320 that calculates an error of the
first plurality L of audio objects 32 relative to the inputted
plurality. Task TB320 may be implemented to calculating an
error of the synthesized field (i.e., as described by the
grouped audio objects 32) relative to the field being encoded
(i.e., as described by the original audio objects 12).

FIG. 27C shows a flowchart of an implementation
TB320A of task TB320 that includes subtasks TB322A,
TB324A, and TB326A. Task TB322A calculates a measure
of a first sound field that is described by the inputted
plurality of audio objects 32. Task TB324A calculates a
measure of a second sound field that is described by the first
plurality L. of audio objects 32. Task TB326A calculates an
error of the second sound field relative to the first sound
field.

In one example, tasks TB322A and TB324A are imple-
mented to render the original set of audio objects 12 and the
set of clustered objects 32, respectively, according to a
reference loudspeaker array configuration. FIG. 28 shows a
top view of an example of such a reference configuration
700, in which the position of each loudspeaker 704 may be
defined as a radius relative to the origin and an angle (for
2D) or angle and azimuth (for 3D) relative to a reference
direction (e.g., in the direction of the gaze of hypothetical
user 702). In the non-limiting example shown in FIG. 28, all
of the loudspeakers 704 are at the same distance from the
origin, which distance may be defined as a radius of a sphere
706.

In some cases, the number of loudspeakers 704 at the
renderer and possibly also their positions may be known,
such that the local rendering operations (e.g., tasks TB322A
and TB324A) may be configured accordingly. In one
example, information from the far-end renderer 96, such as
number of loudspeakers 704, loudspeaker positions, and/or
room response (e.g., reverberation), is provided via a feed-
back channel as described herein. In another example, the
loudspeaker array configuration at the renderer 96 is a
known system parameter (e.g.,a5.1,7.1,10.2, 11.1, 0r 22.2
format), such that the number of loudspeakers 704 in the
reference array and their positions are predetermined.

FIG. 29A shows a flowchart of an implementation
TB320B of task TB320 that includes subtasks TB322B,
TB324B, and TB326B. Based on the inputted plurality of
clustered audio objects 32, task TB322B produces a first
plurality of loudspeaker feeds. Based on the first grouping,
task T324B produces a second plurality of loudspeaker
feeds. Task TB326B calculates an error of the second
plurality of loudspeaker feeds relative to the first plurality of
loudspeaker feeds.

The local rendering (e.g., tasks TB322A/B and TB324A/
B) and/or error calculation (e.g., task TB326A/B) may be
done in the time domain (e.g., per frame) or in a frequency
domain (e.g., per frequency bin or subband) and may include
perceptual weighting and/or masking. In one example, task
TB326A/B is configured to calculate the error as a signal-
to-noise ratio (SNR), which may be perceptually weighted
(e.g., the ratio of the energy sum of the perceptually
weighted feeds due to the original objects, to the perceptu-
ally weighted differences between the energy sum of the
feeds due to the original objects and energy sum of the feeds
according to the grouping being evaluated).
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Method MB120 also includes an implementation TB410
of task TB400 that mixes the inputted plurality of audio
objects into a second plurality L. of audio objects 32, based
on the calculated error.

Method MB100 may be implemented to perform task
TB400 based on a result of an open-loop analysis or a
closed-loop analysis. In one example of an open-loop analy-
sis, task TB100 is implemented to produce at least two
different candidate groupings of the plurality of audio
objects 12 into L clusters, and task TB300 is implemented to
calculate an error for each candidate grouping relative to the
original objects 12. In this case, task TB300 is implemented
to indicate which candidate grouping produces the lesser
error, and task TB400 is implemented to produce the plu-
rality L of audio streams 36 according to that selected
candidate grouping.

FIG. 29B shows an example of an implementation
MB200 of method MB100 that performs a closed-loop
analysis. Method MB200 includes a task TB100C that
performs multiple instances of task TB100 to produce dif-
ferent respective groupings of the plurality of audio objects
12. Method MB200 also includes a task TB300C that
performs an instance of error calculation task TB300 (e.g.,
task TB300A) on each grouping. As shown in FIG. 27B, task
TB300C may be arranged to provide feedback to task
TB100C that indicates whether the error satisfies a prede-
termined condition (e.g., whether the error is below (alter-
natively, not greater than) a threshold value). For example,
task TB300C may be implemented to cause task TB100C to
produce additional different groupings until the error con-
dition is satisfied (or until an end condition, such as a
maximum number of groupings, is satisfied).

Task TB420 is an implementation of task TB400 that
produces a plurality L of audio streams 36 according to the
selected grouping. FIG. 27C shows a flowchart of an imple-
mentation MB210 of method MB200 which includes an
instance of task T600.

As an alternative to an error analysis with respect to a
reference loudspeaker array configuration, it may be desir-
able to configure task TB320 to calculate the error based on
differences between the rendered fields at discrete points in
space. In one example of such a spatial sampling approach,
a region of space, or a boundary of such a region, is selected
to define a desired sweet spot (e.g., an expected listening
area). In one example, the boundary is a sphere (e.g., the
upper hemisphere) around the origin (e.g., as defined by a
radius).

In this approach, the desired region or boundary is
sampled according to a desired pattern. In one example, the
spatial samples are uniformly distributed (e.g., around the
sphere, or around the upper hemisphere). In another
example, the spatial samples are distributed according to one
or more perceptual criteria. For example, the samples may
be distributed according to localizability to a user facing
forward, such that samples of the space in front of the user
are more closely spaced than samples of the space at the
sides of the user.

In a further example, spatial samples are defined by the
intersections of the desired boundary with a line, for each
original source, from the origin to the source. FIG. 30 shows
a top view of such an example in which the five original
audio objects 712A-712E (collectively, “audio objects 712”)
are located outside the desired boundary 710 (indicated by
the dashed circle, and the corresponding spatial samples are
indicated by points 714A-714E (collectively, “sample points
7147).
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In this case, task TB322A may be implemented to calcu-
late a measure of the first sound field at each sample point
714 by, e.g., calculating a sum of the estimated sound
pressures due to each of the original audio objects 712 at the
sample point. FIG. 31 illustrates such an operation. For
spatial objects 712 that represent PCM objects, the corre-
sponding spatial information may include gain and location,
or relative gain (e.g., with respect to a reference gain level)
and direction. Such spatial information may also include
other aspects, such as directivity and/or diffusivity. For SHC
objects, task TB322A may be implemented to calculate the
modeled field according to a planar-wavefront model or a
spherical-wavefront model as described herein.

In the same manner, task TB324 A may be implemented to
calculate a measure of the second sound field at each sample
point 714 by, e.g., calculating a sum of the estimated sound
pressures due to each of the clustered objects at the sample
point 714. FIG. 32 illustrates such an operation for the
clustering example as indicated. Task TB326A may be
implemented to calculate the error of the second sound field
relative to the first sound field at each sample point 714 by,
e.g., calculating an SNR (for example, a perceptually
weighted SNR) at the sample point 714. It may be desirable
to implement task TB326A to normalize the error at each
spatial sample (and possibly for each frequency) by the
pressure (e.g., gain or energy) of the first sound field at the
origin.

A spatial sampling as described above (e.g., with respect
to a desired sweet spot) may also be used to determine, for
each of at least one of the audio objects 712, whether to
include the object 712 among the objects to be clustered. For
example, it may be desirable to consider whether the object
712 is individually discernible within the total original
sound field at the sample points 714. Such a determination
may be performed (e.g., within task TB100, TB100C, or
TB500) by calculating, for each sample point, the pressure
due to the individual object 712 at that sample point 714; and
comparing each such pressure to a corresponding threshold
value that is based on the pressure due to the collective set
of objects 712 at that sample point 714.

In one such example, the threshold value at sample point
iis calculated as axP,,, ,, where P, _, is the total sound field
pressure at the point and . is a factor having a value less than
one (e.g., 0.5, 0.6, 0.7, 0.75, 0.8, or 0.9). The value of a,
which may differ for different objects 712 and/or for differ-
ent sample points 714 (e.g., according to expected aural
acuity in the corresponding direction), may be based on the
number of objects 712 and/or the value of P, , , (e.g., a higher
threshold for low values of P, ,,). In this case, it may be
decided to exclude the object 712 from the set of objects 712
to be clustered (i.e., to encode the object 712 individually)
if the individual pressure exceeds (alternatively, is not less
than) the corresponding threshold value for at least a pre-
determined proportion (e.g., half) of the sample points 714
(alternatively, for not less than the predetermined proportion
of the sample points).

In another example, the sum of the pressures due to the
individual object 712 at the sample points 714 is compared
to a threshold value that is based on the sum of the pressures
due to the collective set of objects 712 at the sample points
714. In one such example, the threshold value is calculated
as axP, ., where P, =2 P, .. is the sum of the total sound
field pressures at the sample points 714 and factor o is as
described above.

It may be desirable to perform the cluster analysis and/or
the error analysis in a hierarchical basis function domain
(e.g., a spherical harmonic basis function domain as
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described herein) rather than the PCM domain. FIG. 33A
shows a flowchart of such an implementation MB300 of
method MB100 that includes tasks TX100, TX310, TX320,
and TX400. Task TX100, which produces a first grouping of
a plurality of audio objects 12 into L clusters 32, may be
implemented as an instance of task TB100, TB100C, or
TB500 as described herein. Task TX100 may also be imple-
mented as an instance of such a task that is configured to
operate on objects that are sets of coefficients (e.g., sets of
SHC) such as SHC objects 80A-80N. Task TX310, which
produces a first plurality L of sets of coefficients, e.g., SHC
cluster objects 82A-82L., according to said first grouping,
may be implemented as an instance of task TB310 as
described herein. For a case in which the objects 12 are not
yet in the form of sets of coefficients, task TX310 may also
be implemented to perform such encoding (e.g., to perform
an instance of task X120 for each cluster to produce the
corresponding set of coefficients, e.g., SHC objects 80A-
80N or “coefficients 80”). Task TX320, which calculates an
error of the first grouping relative to the plurality of audio
objects 12, may be implemented as an instance of task
TB320 as described herein that is configured to operate on
sets of coefficients, e.g., SHC cluster objects 82A-82L.. Task
TX400, which produces a second plurality L of sets of
coeflicients, e.g., SHC cluster objects 82A-821, according to
a second grouping, may be implemented as an instance of
task TB400 as described herein that is configured to operate
on sets of coeflicients (e.g., sets of SHC).

FIG. 33B shows a flowchart of an implementation MB310
of method MB100 that includes an instance of SHC encod-
ing task X50 as described herein. In this case, an imple-
mentation TX110 of task TX100 is configured to operate on
the SHC objects 80, and an implementation TX315 of task
TX310 is configured to operate on SHC objects 82 input.
FIGS. 33C and 33D show flowcharts of implementations
MB320 and MB330 of methods MB300 and MB310,
respectively, that include instances of encoding (e.g., band-
width compression or channel encoding) task X300.

FIG. 34 A shows a block diagram of an apparatus MFB100
for audio signal processing according to a general configu-
ration. Apparatus MFB 100 includes means FB100 for
producing a first grouping of a plurality of audio objects 12
into L clusters (e.g., as described herein with reference to
task TB100). Apparatus MFB100 also includes means
FB300 for calculating an error of the first grouping relative
to the plurality of audio objects 12 (e.g., as described herein
with reference to task TB300). Apparatus MFB100 also
includes means FB400 for producing a plurality L of audio
streams 32 according to a second grouping (e.g., as
described herein with reference to task TB400). FIG. 34B
shows a block diagram of an implementation MFB110 of
apparatus MFB100 that includes means F600 for encoding
the L audio streams 32 and corresponding metadata 34 into
L sets of SH coefficients 74A-74L. (e.g., as described herein
with reference to task T600).

FIG. 35A shows a block diagram of an apparatus AB100
for audio signal processing according to a general configu-
ration that includes a clusterer B100, a downmixer B200, a
metadata downmixer B250, and an error calculator B300.
Clusterer B100 may be implemented as an instance of
clusterer 100 that is configured to perform an implementa-
tion of task TB100 as described herein. Downmixer B200
may be implemented as an instance of downmixer 200 that
is configured to perform an implementation of task TB400
(e.g., task TB410) as described herein. Metadata downmixer
B250 may be implemented as an instance of metadata
downmixer 300 as described herein. Collectively, down-
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mixer B200 and metadata downmixer B250 may be imple-
mented to perform an instance of task TB310 as described
herein. Error calculator B300 may be implemented to per-
form an implementation of task TB300 or TB320 as
described herein. FIG. 35B shows a block diagram of an
implementation AB110 of apparatus AB100 that includes an
instance of SH encoder 600.

FIG. 36A shows a block diagram of an implementation
MFB120 of apparatus MFB100 that includes an implemen-
tation FB300A of means FB300. Means FB300A includes
means FB310 for mixing the inputted plurality of audio
objects 12 into a first plurality L. of audio objects (e.g., as
described herein with reference to task B310). Means
FB300A also includes means FB320 for calculating an error
of'the first plurality L. of audio objects relative to the inputted
plurality (e.g., as described herein with reference to task
B320). Apparatus MFB 120 also includes an implementation
FB410 of means FB400 for mixing the inputted plurality of
audio objects into a second plurality L of audio objects (e.g.,
as described herein with reference to task B410).

FIG. 36B shows a block diagram of an apparatus MFB200
for audio signal processing according to a general configu-
ration. Apparatus MFB200 includes means FB100C for
producing groupings of a plurality of audio objects 12 into
L clusters (e.g., as described herein with reference to task
B100C). Apparatus MFB200 also includes means FB300C
for calculating an error of each grouping relative to the
plurality of audio objects (e.g., as described herein with
reference to task B300C). Apparatus MFB200 also includes
means FB420 for producing a plurality L. of audio streams
36 according to a selected grouping (e.g., as described herein
with reference to task B420). FIG. 37C shows a block
diagram of an implementation MFB210 of apparatus
MFB200 that includes an instance of means F600.

FIG. 37A shows a block diagram of an apparatus AB200
for audio signal processing according to a general configu-
ration that includes a clusterer B100C, a downmixer B210,
metadata downmixer B250, and an error calculator B300C.
Clusterer B100C may be implemented as an instance of
clusterer 100 that is configured to perform an implementa-
tion of task TB100C as described herein. Downmixer B210
may be implemented as an instance of downmixer 200 that
is configured to perform an implementation of task TB420
as described herein. Error calculator B300C may be imple-
mented to perform an implementation of task TB300C as
described herein. FIG. 37B shows a block diagram of an
implementation AB210 of apparatus AB200 that includes an
instance of SH encoder 600.

FIG. 38A shows a block diagram of an apparatus MFB300
for audio signal processing according to a general configu-
ration. Apparatus MFB300 includes means FTX100 for
producing a first grouping of a plurality of audio objects 12
(or SHC objects 80) into L clusters (e.g., as described herein
with reference to task TX100 or TX110). Apparatus
MFB300 also includes means F1X310 for producing a first
plurality L of sets of coefficients 82A-82[ according to said
first grouping (e.g., as described herein with reference to
task TX310 or TX315). Apparatus MFB300 also includes
means FTX320 for calculating an error of the first grouping
relative to the plurality of audio objects 12 (or SHC objects
80) (e.g., as described herein with reference to task TX320).
Apparatus MFB300 also includes means F1X400 for pro-
ducing a second plurality L of sets of coeflicients 82A-82L.
according to a second grouping (e.g., as described herein
with reference to task TX400).

FIG. 38B shows a block diagram of an apparatus AB300
for audio signal processing according to a general configu-
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ration that includes a clusterer BX100 and an error calcu-
lator BX300. Clusterer BX100 is an implementation of
SHC-domain clusterer AX100 that is configured to perform
tasks TX100, TX310, and TX400 as described herein. Error
calculator B300C is an implementation of error calculator
B300 that is configured to perform task TX320 as described
herein.

FIG. 39 shows a conceptual overview of a coding scheme,
as described herein with cluster analysis and downmix
design, and including a renderer local to the analyzer for
cluster analysis by synthesis. The illustrated example system
is similar to that of FIG. 11 but additionally includes a
synthesis component 51 including local mixer/renderer
MR50 and local rendering adjuster RAS50. The system
includes a cluster analysis component 53 including cluster
analysis and downmix module CA60 that may be imple-
mented to perform method MB100, an object decoder and
mixer/renderer module OM28, and a rendering adjustments
module RA15 that may be implemented to perform method
M200.

The cluster analysis and downmixer CA60 produces a
first grouping of the input objects 12 of L clusters and
outputs the L clustered streams 32 to local mixer/renderer
MRS50. The cluster analysis and downmixer CA60 may
additionally output corresponding metadata 30 for the L
clustered streams 32 to the local rendering adjuster RA50.
The local mixer/renderer MR50 renders the L clustered
streams 32 and provides the rendered objects 49 to cluster
analysis and downmixer CA60, which may perform task
TB300 to calculate an error of the first grouping relative to
the input audio objects 12. As described above (e.g., with
reference to tasks TB100C and TB300C), such a loop may
be iterated until an error condition and/or other end condi-
tion is satisfied. The cluster analysis and downmixer CA60
may then perform task TB400 to produce a second grouping
of the input objects 12 and output the L. clustered streams 32
to the object encoder OE20 for encoding and transmission to
the remote renderer, the object decoder and mixer/renderer
OM28.

By performing cluster analysis by synthesis in this man-
ner, i.e., locally rendering the clustered streams 32 to syn-
thesize a corresponding representation of the encoded sound
field, the system of FIG. 39 may improve the cluster
analysis. In some instances, cluster analysis and downmixer
CA60 may perform the error calculation and comparison to
accord with parameters provided by feedback 46 A or feed-
back 46B. For example, the error threshold may be defined,
at least in part, by bit rate information for the transmission
channel provided in feedback 46B. In some instances,
feedback 46 A parameters affect the coding of streams 32 to
encoded streams 36 by the object encoder OE20. In some
instances, the object encoder OE20 includes the cluster
analysis and downmixer CA60, i.e., an encoder to encode
objects (e.g., streams 32) may include the cluster analysis
and downmixer CA60.

The methods and apparatus disclosed herein may be
applied generally in any transceiving and/or audio sensing
application, including mobile or otherwise portable
instances of such applications and/or sensing of signal
components from far-field sources. For example, the range
of configurations disclosed herein includes communications
devices that reside in a wireless telephony communication
system configured to employ a code-division multiple-ac-
cess (CDMA) over-the-air interface. Nevertheless, it would
be understood by those skilled in the art that a method and
apparatus having features as described herein may reside in
any of the various communication systems employing a
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wide range of technologies known to those of skill in the art,
such as systems employing Voice over IP (VoIP) over wired
and/or wireless (e.g., CDMA, TDMA, FDMA, and/or TD-
SCDMA) transmission channels.

It is expressly contemplated and hereby disclosed that
communications devices disclosed herein (e.g., smart-
phones, tablet computers) may be adapted for use in net-
works that are packet-switched (for example, wired and/or
wireless networks arranged to carry audio transmissions
according to protocols such as VoIP) and/or circuit-
switched. It is also expressly contemplated and hereby
disclosed that communications devices disclosed herein may
be adapted for use in narrowband coding systems (e.g.,
systems that encode an audio frequency range of about four
or five kilohertz) and/or for use in wideband coding systems
(e.g., systems that encode audio frequencies greater than five
kilohertz), including whole-band wideband coding systems
and split-band wideband coding systems.

The foregoing presentation of the described configura-
tions is provided to enable any person skilled in the art to
make or use the methods and other structures disclosed
herein. The flowcharts, block diagrams, and other structures
shown and described herein are examples only, and other
variants of these structures are also within the scope of the
disclosure. Various modifications to these configurations are
possible, and the generic principles presented herein may be
applied to other configurations as well. Thus, the present
disclosure is not intended to be limited to the configurations
shown above but rather is to be accorded the widest scope
consistent with the principles and novel features disclosed in
any fashion herein, including in the attached claims as filed,
which form a part of the original disclosure.

Those of skill in the art will understand that information
and signals may be represented using any of a variety of
different technologies and techniques. For example, data,
instructions, commands, information, signals, bits, and sym-
bols that may be referenced throughout the above descrip-
tion may be represented by voltages, currents, electromag-
netic waves, magnetic fields or particles, optical fields or
particles, or any combination thereof.

Important design requirements for implementation of a
configuration as disclosed herein may include minimizing
processing delay and/or computational complexity (typi-
cally measured in millions of instructions per second or
MIPS), especially for computation-intensive applications,
such as playback of compressed audio or audiovisual infor-
mation (e.g., a file or stream encoded according to a com-
pression format, such as one of the examples identified
herein) or applications for wideband communications (e.g.,
voice communications at sampling rates higher than eight
kilohertz, such as 12, 16, 44.1, 48, or 192 kHz).

Goals of a multi-microphone processing system may
include achieving ten to twelve dB in overall noise reduc-
tion, preserving voice level and color during movement of a
desired speaker, obtaining a perception that the noise has
been moved into the background instead of an aggressive
noise removal, dereverberation of speech, and/or enabling
the option of post-processing for more aggressive noise
reduction.

An apparatus as disclosed herein (e.g., apparatus A100,
A200, MF100, MF200) may be implemented in any com-
bination of hardware with software, and/or with firmware,
that is deemed suitable for the intended application. For
example, the elements of such an apparatus may be fabri-
cated as electronic and/or optical devices residing, for
example, on the same chip or among two or more chips in
a chipset. One example of such a device is a fixed or
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programmable array of logic elements, such as transistors or
logic gates, and any of these elements may be implemented
as one or more such arrays. Any two or more, or even all, of
the elements of the apparatus may be implemented within
the same array or arrays. Such an array or arrays may be
implemented within one or more chips (for example, within
a chipset including two or more chips).

One or more elements of the various implementations of
the apparatus disclosed herein may also be implemented in
whole or in part as one or more sets of instructions arranged
to execute on one or more fixed or programmable arrays of
logic elements, such as microprocessors, embedded proces-
sors, IP cores, digital signal processors, FPGAs (field-
programmable gate arrays), ASSPs (application-specific
standard products), and ASICs (application-specific inte-
grated circuits). Any of the various elements of an imple-
mentation of an apparatus as disclosed herein may also be
embodied as one or more computers (e.g., machines includ-
ing one or more arrays programmed to execute one or more
sets or sequences of instructions, also called “processors™),
and any two or more, or even all, of these elements may be
implemented within the same such computer or computers.

A processor or other means for processing as disclosed
herein may be fabricated as one or more electronic and/or
optical devices residing, for example, on the same chip or
among two or more chips in a chipset. One example of such
a device is a fixed or programmable array of logic elements,
such as transistors or logic gates, and any of these elements
may be implemented as one or more such arrays. Such an
array or arrays may be implemented within one or more
chips (for example, within a chipset including two or more
chips). Examples of such arrays include fixed or program-
mable arrays of logic elements, such as microprocessors,
embedded processors, IP cores, DSPs, FPGAs, ASSPs, and
ASICs. A processor or other means for processing as dis-
closed herein may also be embodied as one or more com-
puters (e.g., machines including one or more arrays pro-
grammed to execute one or more sets or sequences of
instructions) or other processors. It is possible for a proces-
sor as described herein to be used to perform tasks or
execute other sets of instructions that are not directly related
to a downmixing procedure as described herein, such as a
task relating to another operation of a device or system in
which the processor is embedded (e.g., an audio sensing
device). It is also possible for part of a method as disclosed
herein to be performed by a processor of the audio sensing
device and for another part of the method to be performed
under the control of one or more other processors.

Those of skill will appreciate that the various illustrative
modules, logical blocks, circuits, and tests and other opera-
tions described in connection with the configurations dis-
closed herein may be implemented as electronic hardware,
computer software, or combinations of both. Such modules,
logical blocks, circuits, and operations may be implemented
or performed with a general purpose processor, a digital
signal processor (DSP), an ASIC or ASSP, an FPGA or other
programmable logic device, discrete gate or transistor logic,
discrete hardware components, or any combination thereof
designed to produce the configuration as disclosed herein.
For example, such a configuration may be implemented at
least in part as a hard-wired circuit, as a circuit configuration
fabricated into an application-specific integrated circuit, or
as a firmware program loaded into non-volatile storage or a
software program loaded from or into a data storage medium
as machine-readable code, such code being instructions
executable by an array of logic elements such as a general
purpose processor or other digital signal processing unit. A
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general purpose processor may be a microprocessor, but in
the alternative, the processor may be any conventional
processor, controller, microcontroller, or state machine. A
processor may also be implemented as a combination of
computing devices, e.g., a combination of a DSP and a
microprocessor, a plurality of microprocessors, one or more
microprocessors in conjunction with a DSP core, or any
other such configuration. A software module may reside in
a non-transitory storage medium such as RAM (random-
access memory), ROM (read-only memory), nonvolatile
RAM (NVRAM) such as flash RAM, erasable program-
mable ROM (EPROM), electrically erasable programmable
ROM (EEPROM), registers, hard disk, a removable disk, or
a CD-ROM; or in any other form of storage medium known
in the art. An illustrative storage medium is coupled to the
processor such the processor can read information from, and
write information to, the storage medium. In the alternative,
the storage medium may be integral to the processor. The
processor and the storage medium may reside in an ASIC.
The ASIC may reside in a user terminal. In the alternative,
the processor and the storage medium may reside as discrete
components in a user terminal.

It is noted that the various methods disclosed herein (e.g.,
methods M100, M200) may be performed by an array of
logic elements such as a processor, and that the various
elements of an apparatus as described herein may be imple-
mented as modules designed to execute on such an array. As
used herein, the term “module” or “sub-module” can refer to
any method, apparatus, device, unit or computer-readable
data storage medium that includes computer instructions
(e.g., logical expressions) in software, hardware or firmware
form. It is to be understood that multiple modules or systems
can be combined into one module or system and one module
or system can be separated into multiple modules or systems
to perform the same functions. When implemented in soft-
ware or other computer-executable instructions, the ele-
ments of a process are essentially the code segments to
perform the related tasks, such as with routines, programs,
objects, components, data structures, and the like. The term
“software” should be understood to include source code,
assembly language code, machine code, binary code, firm-
ware, macrocode, microcode, any one or more sets or
sequences of instructions executable by an array of logic
elements, and any combination of such examples. The
program or code segments can be stored in a processor-
readable storage medium or transmitted by a computer data
signal embodied in a carrier wave over a transmission
medium or communication link.

The implementations of methods, schemes, and tech-
niques disclosed herein may also be tangibly embodied (for
example, in one or more computer-readable media as listed
herein) as one or more sets of instructions readable and/or
executable by a machine including an array of logic ele-
ments (e.g., a processor, microprocessor, microcontroller, or
other finite state machine). The term “computer-readable
medium” may include any medium that can store or transfer
information, including volatile, nonvolatile, removable and
non-removable media. Examples of a computer-readable
medium include an electronic circuit, a semiconductor
memory device, a ROM, a flash memory, an erasable ROM
(EROM), a floppy diskette or other magnetic storage, a
CD-ROM/DVD or other optical storage, a hard disk, a fiber
optic medium, a radio frequency (RF) link, or any other
medium which can be used to store the desired information
and which can be accessed. The computer data signal may
include any signal that can propagate over a transmission
medium such as electronic network channels, optical fibers,
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air, electromagnetic, RF links, etc. The code segments may
be downloaded via computer networks such as the Internet
or an intranet. In any case, the scope of the present disclo-
sure should not be construed as limited by such embodi-
ments.

Each of the tasks of the methods described herein may be
embodied directly in hardware, in a software module
executed by a processor, or in a combination of the two. In
a typical application of an implementation of a method as
disclosed herein, an array of logic elements (e.g., logic
gates) is configured to perform one, more than one, or even
all of the various tasks of the method. One or more (possibly
all) of the tasks may also be implemented as code (e.g., one
or more sets of instructions), embodied in a computer
program product (e.g., one or more data storage media such
as disks, flash or other nonvolatile memory cards, semicon-
ductor memory chips, etc.), that is readable and/or execut-
able by a machine (e.g., a computer) including an array of
logic elements (e.g., a processor, microprocessor, microcon-
troller, or other finite state machine). The tasks of an
implementation of a method as disclosed herein may also be
performed by more than one such array or machine. In these
or other implementations, the tasks may be performed
within a device for wireless communications such as a
cellular telephone or other device having such communica-
tions capability. Such a device may be configured to com-
municate with circuit-switched and/or packet-switched net-
works (e.g., using one or more protocols such as VoIP). For
example, such a device may include RF circuitry configured
to receive and/or transmit encoded frames.

It is expressly disclosed that the various methods dis-
closed herein may be performed by a portable communica-
tions device such as a handset, headset, or portable digital
assistant (PDA), and that the various apparatus described
herein may be included within such a device. A typical
real-time (e.g., online) application is a telephone conversa-
tion conducted using such a mobile device.

In one or more exemplary embodiments, the operations
described herein may be implemented in hardware, soft-
ware, firmware, or any combination thereof. If implemented
in software, such operations may be stored on or transmitted
over a computer-readable medium as one or more instruc-
tions or code. The term “computer-readable media” includes
both computer-readable storage media and communication
(e.g., transmission) media. By way of example, and not
limitation, computer-readable storage media can comprise
an array of storage elements, such as semiconductor memory
(which may include without limitation dynamic or static
RAM, ROM, EEPROM, and/or flash RAM), or ferroelec-
tric, magnetoresistive, ovonic, polymeric, or phase-change
memory; CD-ROM or other optical disk storage; and/or
magnetic disk storage or other magnetic storage devices.
Such storage media may store information in the form of
instructions or data structures that can be accessed by a
computer. Communication media can comprise any medium
that can be used to carry desired program code in the form
of instructions or data structures and that can be accessed by
a computer, including any medium that facilitates transfer of
a computer program from one place to another. Also, any
connection is properly termed a computer-readable medium.
For example, if the software is transmitted from a website,
server, or other remote source using a coaxial cable, fiber
optic cable, twisted pair, digital subscriber line (DSL), or
wireless technology such as infrared, radio, and/or micro-
wave, then the coaxial cable, fiber optic cable, twisted pair,
DSL, or wireless technology such as infrared, radio, and/or
microwave are included in the definition of medium. Disk
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and disc, as used herein, includes compact disc (CD), laser
disc, optical disc, digital versatile disc (DVD), floppy disk
and Blu-ray Disc™ (Blu-Ray Disc Association, Universal
City, Calif.), where disks usually reproduce data magneti-
cally, while discs reproduce data optically with lasers.
Combinations of the above should also be included within
the scope of computer-readable media.

An acoustic signal processing apparatus as described
herein (e.g., apparatus A100 or MF100) may be incorporated
into an electronic device that accepts speech input in order
to control certain operations, or may otherwise benefit from
separation of desired noises from background noises, such
as communications devices. Many applications may benefit
from enhancing or separating clear desired sound from
background sounds originating from multiple directions.
Such applications may include human-machine interfaces in
electronic or computing devices which incorporate capabili-
ties such as voice recognition and detection, speech
enhancement and separation, voice-activated control, and
the like. It may be desirable to implement such an acoustic
signal processing apparatus to be suitable in devices that
only provide limited processing capabilities.

The elements of the various implementations of the
modules, elements, and devices described herein may be
fabricated as electronic and/or optical devices residing, for
example, on the same chip or among two or more chips in
a chipset. One example of such a device is a fixed or
programmable array of logic elements, such as transistors or
gates. One or more elements of the various implementations
of the apparatus described herein may also be implemented
in whole or in part as one or more sets of instructions
arranged to execute on one or more fixed or programmable
arrays of logic elements such as microprocessors, embedded
processors, IP cores, digital signal processors, FPGAs,
ASSPs, and ASICs.

It is possible for one or more elements of an implemen-
tation of an apparatus as described herein to be used to
perform tasks or execute other sets of instructions that are
not directly related to an operation of the apparatus, such as
a task relating to another operation of a device or system in
which the apparatus is embedded. It is also possible for one
or more elements of an implementation of such an apparatus
to have structure in common (e.g., a processor used to
execute portions of code corresponding to different elements
at different times, a set of instructions executed to perform
tasks corresponding to different elements at different times,
or an arrangement of electronic and/or optical devices
performing operations for different elements at different
times).

What is claimed is:

1. A method of audio signal processing, the method
comprising:

based on spatial information for each of N audio objects,

grouping a plurality of audio objects that includes the
N audio objects into L clusters, where L is less than N;
mixing the plurality of audio objects into L. audio streams;
based on the spatial information and the grouping, pro-
ducing metadata that indicates spatial information for
each of the L audio streams,

wherein a maximum value for L is based on information

received from at least one of a transmission channel, a
decoder, and a renderer; and

outputting, for transmission, a representation the L. audio

streams and the metadata that indicates the spatial
information for each of the L audio streams.

2. The method of claim 1, wherein the information
received includes information describing a state of the
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transmission channel and the maximum value of L is based
at least on the state of the transmission channel.

3. The method of claim 1, wherein the information
received includes information describing a capacity of the
transmission channel and the maximum value of L is based
at least on the capacity of the transmission channel.

4. The method of claim 1, wherein the information
received is information received from a decoder.

5. The method of claim 1, wherein the information
received is information received from a renderer.

6. The method of claim 1, wherein the information
received comprises a bit rate indication that indicates a bit
rate and the maximum value of L is based at least on the bit
rate.

7. The method of claim 1,

wherein the N audio objects comprises N sets of coeffi-

cients, and

wherein mixing the plurality of audio objects into L audio

streams comprises mixing the plurality of sets of coef-
ficients into L sets of coeflicients.

8. The method of claim 7, wherein each of N sets of
coeflicients is a hierarchical set of basis function coeffi-
cients.

9. The method of claim 7, wherein each of the N sets of
coeflicients is a set of spherical harmonic coefficients.

10. The method of claim 7, wherein each of the L sets of
coeflicients is a set of spherical harmonic coefficients.

11. The method of claim 7, wherein mixing the plurality
of audio objects into L audio streams comprises, for each of
at least one among the L clusters, calculating a sum of the
sets of coeflicients of the N sets of coefficients grouped into
the cluster.

12. The method of claim 7, wherein mixing the plurality
of audio objects into L. audio streams comprises calculating
each among the L sets of coefficients as a sum of the
corresponding ones among the N sets of coefficients.

13. The method of claim 7,

wherein the information received comprises a bit rate

indication that indicates a bit rate, and

wherein, for at least one among the L sets of coefficients,

a total number of coefficients in the set is based on a bit
rate indication.
14. The method of claim 7, wherein, for at least one
among the L sets of coefficients, a total number of coeffi-
cients in the set is based on the information received.
15. An apparatus for audio signal processing, the appa-
ratus comprising:
means for receiving information from at least one of a
transmission channel, a decoder, and a renderer;

means for grouping, based on spatial information for each
of N audio objects, a plurality of audio objects that
includes the N audio objects into L clusters, where L is
less than N and wherein a maximum value for L is
based on the information received;

means for mixing the plurality of audio objects into L.

audio streams;

means for producing, based on the spatial information and

the grouping, metadata that indicates spatial informa-
tion for each of the L audio streams; and

means for outputting, for transmission, a representation

the L audio streams and the metadata that indicates the
spatial information for each of the L audio streams.

16. The apparatus of claim 15, wherein the information
received includes information describing a state of the
transmission channel and the maximum value of L is based
at least on the state of the transmission channel.
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17. The apparatus of claim 15, wherein the information
received includes information describing a capacity of the
transmission channel and the maximum value of L is based
at least on the capacity of the transmission channel.

18. The apparatus of claim 15, wherein the information
received is information received from a decoder.

19. The apparatus of claim 15, wherein the information
received is information received from a renderer.

20. The apparatus of claim 15, wherein the information
received comprises a bit rate indication that indicates a bit
rate and the maximum value of L is based at least on the bit
rate.

21. The apparatus of claim 15,

wherein the N audio objects comprises N sets of coeffi-
cients, and

wherein the means for mixing the plurality of audio
objects into L audio streams comprises means for
mixing the plurality of sets of coefficients into L sets of
coeflicients.

22. The apparatus of claim 21, wherein each of N sets of
coeflicients is a hierarchical set of basis function coeffi-
cients.

23. The apparatus of claim 21, wherein each of the N sets
of coeflicients is a set of spherical harmonic coefficients.

24. The apparatus of claim 21, wherein each of the L sets
of coeflicients is a set of spherical harmonic coefficients.

25. The apparatus of claim 21, wherein the means for
mixing the plurality of audio objects into L. audio streams
comprises, for each of at least one among the L clusters,
means for calculating a sum of the sets of coefficients of the
N sets of coefficients grouped into the cluster.

26. The apparatus of claim 21, wherein the means for
mixing the plurality of audio objects into L. audio streams
comprises means for calculating each among the L sets of
coeflicients as a sum of the corresponding ones among the
N sets of coefficients.

27. The apparatus of claim 21,

wherein the information received comprises a bit rate
indication that indicates a bit rate, and

wherein, for at least one among the L sets of coefficients,
a total number of coeflicients in the set is based on a bit
rate indication.

28. The apparatus of claim 21, wherein, for at least one
among the L sets of coefficients, a total number of coeffi-
cients in the set is based on the information received.

29. A device for audio signal processing, the device
comprising:

a cluster analysis module configured to group, based on
spatial information for each of N audio objects, a
plurality of audio objects that includes the N audio
objects into L clusters, where L is less than N,

wherein the cluster analysis module is configured to
receive information from at least one of a transmission
channel, a decoder, and a renderer, and wherein a
maximum value for L is based on the information
received;

a downmix module configured to mix the plurality of
audio objects into L audio streams,

a metadata downmix module configured to produce,
based on the spatial information and the grouping,
metadata that indicates spatial information for each of
the L audio streams; and

an encoder configured to output, for transmission, a
representation the L audio streams and the metadata
that indicates the spatial information for each of the L
audio streams.
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30. The device of claim 29, wherein the information
received includes information describing a state of the
transmission channel and the maximum value of L is based
at least on the state of the transmission channel.

31. The device of claim 29, wherein the information
received includes information describing a capacity of the
transmission channel and the maximum value of L is based
at least on the capacity of the transmission channel.

32. The device of claim 29, wherein the information
received is information received from a decoder.

33. The device of claim 29, wherein the information
received is information received from a renderer.

34. The device of claim 29, wherein the information
received comprises a bit rate indication that indicates a bit
rate and the maximum value of L is based at least on the bit
rate.

35. The device of claim 29,

wherein the N audio objects comprises N sets of coeffi-

cients, and

wherein the downmix module is configured to mix the

plurality of audio objects into [ audio streams by
mixing the plurality of sets of coefficients into L sets of
coeflicients.

36. The device of claim 35, wherein each of N sets of
coeflicients is a hierarchical set of basis function coefi-
cients.

37. The device of claim 35, wherein each of the N sets of
coeflicients is a set of spherical harmonic coefficients.

38. The device of claim 35, wherein each of the L sets of
coeflicients is a set of spherical harmonic coefficients.

39. The device of claim 35, wherein the downmix module
is configured to mix the plurality of audio objects into L
audio streams by, for each of at least one among the L
clusters, calculating a sum of the sets of coefficients of the
N sets of coefficients grouped into the cluster.

40. The device of claim 35, wherein the downmix module
is configured to mix the plurality of audio objects into L
audio streams by calculating each among the L sets of
coeflicients as a sum of the corresponding ones among the
N sets of coefficients.

41. The device of claim 35,

wherein the information received comprises a bit rate

indication that indicates a bit rate, and

wherein, for at least one among the L sets of coefficients,

a total number of coeflicients in the set is based on a bit
rate indication.

42. The device of claim 35, wherein, for at least one
among the L sets of coefficients, a total number of coeffi-
cients in the set is based on the information received.

43. A non-transitory computer-readable storage medium
having stored thereon instructions that, when executed,
cause one or more processors to:

based on spatial information for each of N audio objects,

group a plurality of audio objects that includes the N
audio objects into L clusters, where L is less than N;

mix the plurality of audio objects into L. audio streams;

based on the spatial information and the grouping, pro-

duce metadata that indicates spatial information for
each of the L audio streams,

wherein a maximum value for L is based on information

received from at least one of a transmission channel, a
decoder, and a renderer; and

output, for transmission, a representation the L audio

streams and the metadata that indicates the spatial
information for each of the L audio streams.
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